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INTRODUCTION 


The decay of residual sound in simple reverberant enclosures has 
been the subject of much study. Out of these investigations along with 
other important developments formulae have emerged which may be 
used to calculate the reverberation time of enclosed rooms, the one pro- 
posed by Sabine! being applicable to live rooms, but a more general one? 
being necessary if applied to dead rooms. These formulae may be used in 
the study of simple enclosures in which the sound is diffuse, the absorb- 
ing material is well distributed, and the decay of the residual sound is 
exponential in time. They may not be applied indiscriminately to com- 
plex structures for the author*® has shown that the curves illustrating the 
decay of the residual sound intensity level may not be straight under 
certain conditions for coupled rooms of different natural reverberation 
times or even for a single room with no sound diffusing scheme and non- 
uniformly distributed absorption. 

The present paper presents further data on acoustically coupled rooms 
and offers a theroretical study and formulae applicable to such complex 
structures. Somewhat similar studies have been made by Buckingham‘ 


' Sabine, Collected Papers, p. 43. 

* Eyring, Jr. Acoustical Society of America, Vol. I, No. 2. Part 1, pp. 217-241, Jan. 1930. 
3 Jr. Soc. of Motion Picture Engineers, Vol. XV, No. 4, p. 528, Oct. 1930. 

‘ Buckingham, Scientific Paper No. 506, Bureau of Standards, May 1925. 
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and Davis’ in the investigation of sound transmission through parti- 
tions. But before the coupled room formulae which are based on certain 
idealizations can be applied in general to auditoriums with various types 
of balconies and under-balcony spaces, they must be carefully checked 
by a thorough experimental study of typical theatres. Thus it is expected 
that imperical formulae, based on theory and experiment, may be 
evolved for each type of complex structure. 

Recently developed instrumental methods* of measuring reverbera- 
tion time, especially those methods that measure the decay history of 
the residual sound, give promise of being the tools needed in this study. 
The results recorded in this paper were made on a meter described by 
Wente and Bedell® in their paper “Chronographic Method of Measuring 
Reverberation Time” and by the author.’ This instrument plots almost 
automatically the intensity level of the residual sound measured in db 
and the time. 

When the sound source is cut off there will not only be a decay of 
sound due to the absorption of the walls, fixtures, etc., but the interfer- 
ence pattern will continually shift causing the actual rate of decay of the 
sound intensity level at a point to fluctuate about the rate of decay 
caused only by absorption. This fluctuation may be very pronounced 
and actually changes from point to point in the room, but may be 
minimized by the use of a warble tone and if necessary by the proper 
placement of the transmitter. With these precautions, and they are used 
in all the reverberation time measurements presented in this paper, the 
effect of interference is greatly reduced. The average rate or rates of 
decay 6 (db per second) of the sound intensity level can at once be ob- 
tained from the slope of the straight line or lines which best fit the 
series of experimental points. The reverberation times T (time per 60 
db) used in this paper have been calculated using the relation 


5 Davis, Phil. Mag. Ser. 6, Vol. 50, p. 75, July, 1925. 


6 Wente and Bedell, “Chronographic Method of Measuring Reverberation Time” Jr. 
Acoustical Soc. Amer. Vol. I, No. 3, p. 422, April, 1930. 


Olson and Kreuzer, “The Reverberation Time Bridge,” Jr. Acoustical Soc. Amer. Vol. II, 
No. 1, p. 78, July, 1930. 


Meyer, Zeitschrift fur technische Physik Vol. II, No. 7, p. 253, 1930. 


Norris and Andree, “An Instrumental Method of Reverberation Measurements,” Jr. 
Acoustical Soc. Amer. Vol. I, No. 3, p. 366, April, 1930. 
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THEORETICAL CONSIDERATIONS 


If sound energy is emitted at a constant rate E in a room of volume V 
and surface S,the sound energy density p will build up till an equilibrium 
is reached between the energy emitted and the energy absorbed. If the 
energy density is constant, uniform, and perfectly diffuse, then the 
rate’ at which sound energy falls on a unit area of wall surface is 


sina ag” (1) 


where ¢ is the speed of sound in air. Assuming that p is a continuous 
function of the time, and that equation (1) holds also during the com- 
plete process of sound decay after the sound source is cut off, the 
differential equation which expresses the equality between the rate at 
which the total sound energy of the room decreases and the rate of ab- 
sorption of the walls gives, under proper boundary conditions, the fol- 
lowing equation of decay, 





p = poet (2) 
where = 
4E (3) 
ig Sh mei 
: CS aq 
and 
cSaa cA 
b’ = = — (4) 
4V 4V 


and a, is the average coefficient of absorption and A is the absorbing 
power of the wall surfaces. 
The author,? however, has shown that 


p = poe! (S) 
where 


— cS log. (1 — aa 
b= =. = (0.236 (6) 





is the correct equation of decay, equation (2) being a special case of 
equation (5) for live rooms. Fundamentally, this means that equation 
(1) is true only for steady state conditions, and that an equation of the 
form 

kcp 


“= (7) 


€ = 


7 Buckingham, L.c. p. 201. 
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where 
— log. (1 — a,) 
k= : (8) 


Qa 





must be used for the process of decay. 

Suppose instead of a single room we have room R, coupled to room R, 
through an open window W. Place a loud speaker in R; and let it emit 
sound energy at a constant rate and soon equilibrium will be estab- 
lished, with an average energy density po in the first and a value poe in 
the second room. In the interest of a simplified analysis we shall assume 
that the sound energy density in each room is uniform and diffuse and 
that at the open window the energy density changes abruptly from one 
value to the other. These idealizations are never reached in practice as 
we shall point out more in detail later, but in some cases they are ap- 
proached. 

While the loud speaker is turned on in R,; the sound energy received 
per second from the source is E. Making use of equation (7), the energy 
absorbed per second by the walls of R,, (including the coupling window) 
is 1/4k,cp,(A,+W), where A, is the absorbing power, Siaa,, of the surface 
of R; not including the open window. The energy received per second 
from R; through the coupling surface is 1/4 kecp2W. But Vidp,/dt is the 
rate at which the total sound energy is changing in R, and hence, if we 
put 





cki(A, + W 
b; = kyby’ = 2 . F (9) 
4V, 
and 
ckhoW 
= ko , Ss 10 
By By ay, (10) 


we get from the above rates and the principle of the conservation of 
energy the differential equation 


ca (11) 
di 1P1 = Pipe2 V 


1 


Similarly for room R, we have 
dps 
— + bop: = Bepr. (12) 
dt 


Solving (11) and (12) simultaneously one would obtain the sound 
energy density growth equations for the coupled rooms. However, we 
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are most interested in the steady state values and the decay equations. 
The steady state values may be obtained as follows. Placing dp,/dt=0 
=dp,/dt, remembering that equation (1) not equation (7) holds for the 
steady state and hence that 5, and £; etc., must be replaced by 0,’ and 
8,’ etc., in equations (11) and (12), and referring to equations (9) and 
(10) we get as 











4E (13) 
ee dhe W~<6 
where 
Ww? 
saiiae : (14) 
(Ai + W)(42+ W) 
and 
( W ) ke Be i 
me NAW) hy 
If the source is in room R, 
4E (16) 
Poe = mee 
 6(As + W)(1 — 8) 
and 
W ki By 
= po:| ——— ) = pox— — - 17 
Pol Po (— - <) Po i be ( ) 


When the source is cut off the decay of the sound energy density in 
the two rooms is described by these simultaneous equations: 


dpi 


—— + bipi ad Bi pe (18) 
dt 
dps 
— + bep2 = Bopr. (19) 
dt 


To solve, multiply (19) by an undetermined coefficient m and add to 
(18). An equation is obtained which is greatly simplified in form and 
which can easily be solved if m is determined by the relation 


Bom? + (de os b;)m —_ By = (0) (20) 
which has for its roots 
(b1 — be) + V(b: = b1)? + 4BiB2 


m, = - (21) 
2B2 
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and 

(b1 — be) — V (b2 = b1)? + 46:82 
2B2 

Solving and setting down the boundary conditions that when ¢=0, 


Pi =Po1, P2 =Po2 as given either by equations (13) and (15) or (16) and (17) 
depending on the location of the sound source, we have 


mM. = 


(22) 





il { m2(por + m Po2)e~ 1—miB2)t 


Mz—- Mm, 


(23) 
— m(po + me Poz)e~ (1 ma62)¢ } 


{ (por + my, Po2)e~ 1—mib2)¢ 





ies 
m, — Mo 


(24) 
— (por + me Po2)e~ @1—maBa)¢ } ; 


These general equations when applied to special cases may be somewhat 
simplified. 


EXPERIMENTAL RESULTS 


I. A Small Live Room Coupled by Varying Portions of Its Surface to a 
Large Dead Room. The small room (8.5’ X13’ X13’) has a volume of 1447 
cubic feet and a total surface area of 788 square feet, corrections being 
made for irregularities of structure. The large room has a volume of 
73,475 cubic feet, a total surface of 11,555 square feet and an average 
coefficient of absorption at 1000 cycles per second of 0.60. By means of 
doors varying portions of one surface of the small room may be coupled 
to the large room, the openings being 19, 34, 59, and 94 square feet. 
Reverberation time-frequency curves for each room with zero coupling 
surface are shown in Figures 1 and 2. 

(a) Loud Speaker and Microphone in Small Room. Reverberation 
time-frequency curves for the small room when completely shut off 
from the large room and when under varying amounts of coupling with 
it are shown in Figure 1. Substituting these values of reverberation time 
T in the general reverberation time formula, 


T = ———___—— (25) 
— Slog. (1 — a.) 


the average coefficient of absorption a, of the small room surface is cal- 
culated for each arrangement of coupling, including zero coupling. Then 
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assigning equal weights to all equal sized elements of surface the coefti- 
cient for the coupling window is determined. The results are given in 
Table I. These values show clearly that the openings may not be con- 


REVERBERATION TIME IN SECONDS 


sidered to have a coefficient of unity in the application of the so-called 


500 1000 
FREQUENCY IN CYCLES PER SECOND 


reverberation time formula. 


Three factors might be the cause of this apparent discrepancy. The 
large room might return sound energy and thus reduce the effective 


TABLE I 


Fic. 1. Reverberation time-frequency curves of a small live room 
acoustically coupled to a large dead room. 


CALCULATED COEFFICIENT OF ABSORPTION FOR OPEN WINDOW 











Size of 
Opening in 
square feet 


19 
34 
59 
94 











Frequency 
120 240 500 | 1000 2000 4000 
0.44 0.54 0.82 0.80 0.89 1.02 
0.46 0.49 0.78 0.71 0.85 0.91 
0.55 0.43 0.53 0.68 0.78 0.98 
0.47 0.32 0.53 0.55 0.83 








absorption of the opening. The amount of this return may be estimated 
by substituting the proper values in equation (14). The area W of the 
coupling surface is at once known, and the absorbing powers A; and A, 
for the small and large room respectively may be calculated from re- 
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verberation time data. These values for a 1000 cycle per second tone 
together with data calculated by use of equations (14) and (15) are 
recorded in Table IT. The calculations show that the energy fed back 
into the small room is responsible for approximately 0.001 part of the 
average energy density in the case of the smallest opening and 0.01 part 
in the case of the largest opening. The energy flow can certainly be con- 
sidered very nearly unidirectional, and hence the effective absorption 
of the opening is not reduced below unity because of the return of sound 
energy from the large room. 











TABLE II 
Difference 
W A,;+W A2+W Po1/ P02 in level 6 
19 40 6941 365 26 db 0.001 
34 65 6947 204 23 db 0.003 
59 99 6957 118 21 db 0.005 
94 123 6971 74 19 db 0.010 


Since the reverberation time equation (25) is built up on the assump- 
tion that a diffuse state is established in the enclosure, a second factor, 
the lack of a diffuse state, which gets worse as the opening becomes 
larger can account for the calculated decrease of the coefficient as the 
opening area increases. The method of calculation fails to give a coeffi- 
cient of absorption of unity to the open window because the mean free 
path? between reflections in this case differs from that established in an 
enclosure of the same size in which a diffuse state is reached. It fails also 
because the lack of a diffuse state makes it impossible for all elements of 
surface to have equal chances of registering on the sound waves their 
absorbing ability. The mode of wave travel between the parallel walls 
has a greater chance to survive than a mode which quickly takes the 
wave out through an open window. This means that a unit of surface on 
one of the parallel walls has a greater chance to register its absorbing 
ability on the sound waves than a unit of surface of the open window. 
This indicates at once that if equation (25) is to be used to calculate the 
reverberation time for this type of room and if a coefficient of absorp- 
tion of unity is assigned to the open window then equal weights? cannot 
be assigned to all elements of surface in the calculation of the average 
coefficient of absorption. 

The third factor, the return of energy by reflection at the open 
window, can account for the decrease of the coefficient of absorption 
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with frequency. If the dimensions of the opening are large as compared 
with the wave length, then the resistance factor only of the impedance 
of the opening is present. However, as the dimensions of the opening 
decrease and approach the magnitude of the wave length, the resistance 
factor (absorption) decreases, and the reactance factor (reflection) in- 
creases.® 

In view of this discussion, it would be more in keeping with the facts 
to consider each number in Table I as an imperical weight 4 which 
should be assigned, for the particular room and coupling in question, to 
each unit area of open window rather than as a coefficient of absorption. 
Since the coupling surface in every case is only a very small portion of 
one of the surfaces of the large dead room, it seems appropriate when 
looking into the small room from the large room to assign weights of 
unity to all coupling surfaces except those at which reflection actually 
takes place due to their small dimensions. No doubt the weights given 
in Table I should be assigned to the 19 sq. ft. coupling surface. 

In order to take these imperial weights into account equations (9) and 
(10) should be modified as follows 





ck(A, + mW) 
sd 1 on ae) (26) 
4V, 
8 chohoW (27) 
a 4V;, 


(b) Loud Speaker in Small Room, Microphone in Large Room. Re- 
verberation times shown in Figure 2 were obtained with the loud speaker 
in the small room and the microphone in the large room twenty seven 
feet from the coupling surface, the values found with the microphone in 
the small room under the same conditions are also indicated. These 
curves bring out the important fact that with the sound source in the 
small live room the rate of decay of the sound intensity level is the same 
for both rooms, and the value is that of the small room. The curves 
plotted by the meter are in all cases substantially straight. 

(c) Loud Speaker in Large Room, Microphone in Small Room. With 
the microphone in the small room and the loud speaker in /arge room and 
with the coupling surface adjusted at 19 square feet the decay curve of 
the sound intensity level obtained on the meter is straight and of the 
same slope as that found for this same coupling when the speaker is 


§ Crandall, Theory of Vibrating Systems and Sound, p. 172. 








190 JOURNAL OF THE ACOUSTICAL SOCIETY [Ocr., 


located inside. The measured reverberation time in the small live room is 
therefore the same for the two positions of the sound source. 

(d) Loud Speaker and Microphone in Large Room. With both the 
microphone and speaker in the large room'and the coupling surface 
fixed at 19 square feet, the decay curve of the sound intensity level 
changes rapidly from one average slope to another. The first rate ob- 
tained from the slope of the straight line that best fits the first portion of 
the curve is the same as that for the large dead room and has a range of 
about 12 db. The second rate obtained from the slope of the straight 


© LOUD SPEAKER IN LIVE ROOM. MICROPHONE IN DEAD ROOM 
TWENTY SEVEN FEET FROM THE COUPLING SURFACE. 


x LOUD SPEAKER AND MICROPHONE IN LIVE ROOM 
© LOUD SPEAKER AND MICROPHONE IN DEAD ROOM, NO 


COUPLING 
SURFACE 
Ft. 4 


COUPLING TO LIVE ROOM. 


REVERBERATION TIME IN SECONDS 


?. 
10 5000 
FREQUENCY. we CYCLES °PER SECOND 





Fic. 2. Reverberation time-frequency curves of a small live room and a large dead 
room acoustically coupled by various sized openings. 


line that best fits the second portion of the curve is the same as that 
measured in the small live room under similar conditions. 

(e) Checking Theory with Experimental Data. We have shown that in 
the case under consideration the flow of energy through the coupling 
window may be considered for practical purposes as unidirectional. This 
condition is satisfied provided (1) 8:=0 or (2) (b:—0:)?>4£;B>. 

(A) Speaker in Room R;. (1) If 8: =0, and 6.0, that is, if no sound 
energy flows into room R, from room R, but does flow in the opposite 
direction, then m,=0, mz=(b, — be) /B2, and making use of equation (15) 
the general equations (23) and (24) reduce to 


pi = poet (28) 
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Po2 ky ky 
= —bye it — E = (1 - =) Jew. 29 
p2 nara t ae 1 hs 2 ( ) 


Physically this condition is established by coupling rooms R, and R, 
by means of a transmitter in R, connected through an amplifier to a 
loud speaker in R». Equation (29) is the decay equation? of sound re- 
produced in room R, which was previously recorded from room R, on 
film or disc. 

(2) If (be—b,)?>48,82, that is, if for example room R; is large and 
dead, the coupling surface is small, and room R; is live, then very ap- 
proximately m,=0, m,=(b;—b»)/82 and at once equations (28) and (29) 
apply. 

(B) Speaker in Room R>. (1) If 8: =0, that is, if sound energy may not 
flow into room R, from room R2, but may flow in the opposite direction 
then as before m, =0, and mz =(b,—b2)/Bs. But the sound source is in R: 
and since no energy may flow from R; to R, it follows that po, =0. At 
once the general equations reduce to the simple relation 





p2 = poe (30) 


which is the decay equation of residual sound in R; alone. 
(2) If (b:—6,)?>46,82, the flow of energy from room R, to room R; is 
very small, but of sufficient magnitude to establish an energy density 
cal kiBy 
Poi “i 





when equilibrium is established. However, during decay the energy may 
be considered very approximately unidirectional and hence as before, 
m,=0, mz=(b,—b2)/B2, and at once 








pi = poe! (31) 
and 
p2 = poo|(1 — ne + ne*] (32) 
where 
ses aad Ri B2Bi ; (33) 
kobi(b2 — bi) 


Comparing equations (6) and (25) it is clear that 


r 13.8 (34) 
b 
* E. C. Wente, “The Acoustics of a Recording Studio and the Studio Microphone.” 
A. P. Hill, “Combined Reverberation Time of Electrically Coupled Rooms.” 
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and at once equations (28) and (31) indicate that for a given coupling 
surface the reverberation time, (or the rate of decay of the sound in- 
tensity level,) in the small room is the same whether the loud speaker is 
in the large dead room or in the small live room itself. This agrees exactly 
with experimental data. 

The nature of the decay of the residual sound in the large room may 
be determined by substituting the proper constants in equations (29) 
and (32). The necessary data for a 1000 cycle tone are tabulated in Table 
III. Equation (29), the decay of sound in the large room with the source 
in the small room, 




































































TABLE IIT 

WW) T T2 by | bs hy hy Bi | he| ke | B2 |(b2o—b;)?| 48,8, 
19 | 1.75 0.30 | 7.9 | 46.0 | 0.8 1.02 4.35 |0.8] 1.53 | 0.06 | 1452 1.04 
94 | 0.94 0.30 | 14.7 46.0 | 0.55 | 1.05 | 27.3 | 1.0] 1.53 | 0.20 | 980 | 22.2 
becomes 

p2 = po2|0.81e-7-% + 0. 19¢e-46-0] (35) 
for an opening of 19 sq. ft. and 

p2 = po2[1.O1e-4-7* — 0.01e-48-%*] (36) 


for an opening of 94 sq. ft. If a logarithmic scale is used for the sound 
energy density p and a uniform scale for the time #, the plot of equation 
(36) is essentially a straight line because of the smallness of the second 
term. For this same reason the reverberation time may be calculated 
using equation (34) and the agreement between theory and experiment 
is found to be excellent. In Figure 3 is shown a similar plot of equation 
(35) except that the sound intensity level, which is proportional to the 
logarithm of the sound energy density, and the time are used as coordi- 
nates. Since in general the first point plotted by the meter will be at least 
3 db below the cut-off intensity level, this plot shows that the experi- 
mental curve predicted by theory is essentially straight, and that its 
slope gives a rate of decay of sound intensity level, and hence a rever- 
beration time, of the same value as that found for the small live room. 
This agrees with experiment, as is shown in Figure 2. 

Equation (32), the decay of sound in the large room when the source 
is also in this room, becomes 


po = poz [e~48-% 4. 0.001e~7-9¢] (37) 
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_ 18 


Fic. 3. (1) Decay curve for the large dead room alone. (2) Decay curve for the small live room 
with a 19 sq. ft. open window. (3) Decay curve in the large dead room when coupled by a 19 sq. 
ft. opening to the small live room; the sound source is in the small room. 
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Fic. 4. Curve (1) represents equation (37) ; curve (2) equation (38). 
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for the 19 sq. ft. opening. A plot representing equation (37) is shown jn 
Figure 4, curve (1). The curve has two regions of distinct slope, the 
sound intensity level decreases at a rate characteristic of the large dead 
room for a range of 30 db then changes over in the next 10 db drop toa 
rate characteristic of the small live room. This checks the experimental 
data except that the change in slope on the experimental curve begins 
only 12 db down from the first point recorded by the meter. If the first 
recorded point is 3 to 6 db below the cut-off intensity level, which might 
easily be true, then experimentally the change in slope begins 15 to 18 


REVERBERATION TIME IN SECONDS 





1000 
FREQUENCY * CYCLES PER SECOND 


Fic, 5. Reverberation time-frequency curves of a small live room 
acoustically coupled to a large moderately live room. 


db below the cut-off intensity level as compared to 30 db on the theoret- 
ical curve. However, another factor enters which helps to explain the 
discrepancy. During the decay of the residual sound the coupling sur- 
face acts as a sound source, and if at the microphone the intensity level 
is 12 db higher than the average intensity level which this source can 
produce in the large dead room, then introducing this effect into equa- 
tion (32) by making # sixteen times its normal value we get 


p2 = po2|.99e-46-% + .O1e-7-%], (38) 


In the plot representing this equation (See Fig. 4 curve (2) ) the change 
in slope begins 20 db down from the cut-off intensity level, and the 
agreement between theory and experiment is satisfactory. 


1' 


ct. 


N in 

the 
lead 
toa 
ntal 
gins 
first 
ight 
0 18 


ret- 
the 
sur- 
evel 
can 
jua- 


(38) 


inge 
the 


—_-_-ee— 


1931] CARL F. EYRING 195 


IT. A Small Live Room Coupled by Varying Portions of Its Surface 
to a Large Moderately Live Room. The small room has a volume of 1350 
cubic feet and a total surface area of 788 square feet. The large room has 
a volume of 40,900 cubic feet, a surface of 7000 square feet and an aver- 
age coefficient of absorption at 1000 cycles per second of 0.26. Coupling 
areas of 19, 34, 59 and 94 square feet are possible between the two rooms. 
Reverberation time-frequency curves with no coupling surface are 
shown along with other curves in Figures 5 and 6. 


TABLE IV 
CALCULATED COEFFICIENT OF ABSORPTION FOR OPEN WINDOW 











Size of Frequency 











Opening in 

square feet | 120 | 240 | 500 | 1000 2000 | 4000 
19 0.43 0.54 0.45 0.62 0.72 0.89 
34 0.39 0.42 0.59 0.62 0.74 0.80 
59 0.31 0.31 0.43 0.55 0.57 0.61 
94 0.25 0.32 0.35 0.41 0.47 | 0.57 





(a) Loud Speaker and Microphone in Small Room. Reverberation time- 
frequency curves with both the loud speaker and the microphone in the 
small room are plotted in Figure 5, a curve for each of the four coupling 
areas being shown. Substituting these values of reverberation time in 
equation (25) the average coefficient of absorption of the small room 
surface is calculated for each arrangement of coupling, including zero 
coupling. Then assigning equal weights to equal elements of surface, the 
coefficient for the coupling window is determined. The results are re- 
corded in Table IV. They show a resemblance to the data recorded in 
Table I, but are consistently smaller in magnitude. 

















TABLE V 
wim | m | m& | wm | te | m | me | me | om | om 
19 1.02 .89 9.9 4.1 1.20 0.89 17.0 0.12 0.54 — 60.0 
94 1.04 . 66 19.0 21.5 1.20 1.0 47:5 0.44 8.8 — 5.4 



































The decrease in value with frequency, and with size of opening may be 
explained as before, and a return of energy from the large moderately 
live room can account for the fact that the coefficients are in general 
smaller in magnitude than those found when the small room was 
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coupled to the large dead room. This may be illustrated as follows. As- 
signing the numbers of Table I as weights to the coupling surfaces, thus 
correcting only for the reflection at the opening and the lack of a 
diffuse state, and making use of equations (26) and (27) and the 
measured reverberation times for zero coupling, the data listed in Table 
V for a 2000 cycles tone are calculated. Substituting these values in 
equation (23) and making use of equation (15) we get 


Pi = poi [0.993e-9:83* + 0.007e-17-] (39) 
for the 19 square foot opening and 
pi = po [0.48e—8-1¢ + 0. 52¢e-21-4¢] (40) 


for the 94 square foot opening. 

It is at once obvious that the second term of equation (39) may be 
neglected. And in general since the first point plotted by the reverbera- 
tion meter is at least 3 db down from the cut-off value of the sound in- 
tensity level, a plot of equation (40) (see Figure 7) shows that within 
the precision of measurement the second term of this equation may also 
be neglected. The reverberation times may, therefore, be calculated by 
the aid of equation (34). The calculated values are found to be some- 
what smaller than the experimentally measured values. But just op- 
posite and 30 feet from the coupling surface is located a highly reflect- 
ing wall and no doubt more energy is returned to the small room than 
the theory would predict. If because of this, we arbitrarily double the 
feedback of energy by doubling the value of 8, calculated values of re- 
verberation time are in good agreement with experimental data as may 
be seen by comparing the values listed in Table VI for the 94 square 


TABLE VI 


REVERBERATION TIME IN SMALL Room 


ne ere ree 120 240 500 1000 2000 4000 
If no energy returns through the coup- 

EE er ee 0.81 1.12 0.81 0.84 0.73 0.62 
Calculated from equation (23)....... 0.95 1.20 0.95 0.96 0.91 0.89 
Calculated from equation (23) with pj, 

SG SS iia inn sad ees eas 1.02 1.28 1.04 1.08 1.00 0.96 
Experimental value................ 1.06 1.20 1.02 1.05 0.94 0.83 


foot opening. At once it becomes clear that it is the feedback of energy 
that causes the numbers in Table IV to be smaller in general than those 
in Table I. 
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(b) Loud Speaker in Small Room, Microphone in Large Room. The 
data recorded in Figure 6 were obtained with the loud speaker in the 
small room and the microphone 18 feet from the coupling surface. At 
this position the intensity of the sound coming directly from the opening 
is approximately equal to the average sound intensity of the room. For 
purposes of comparison values obtained with the microphone in the 
small room under the same conditions of coupling are also recorded. At 
once it is clear that the reverberation time under these conditions is the 


3.0 


© LOUD SPEAKER IN SMALL ROOM. MICROPHONE IN LARGE ROOM 
EIGHTEEN FEET FROM THE COUPLING SURFACE 


2.5 x LOUD SPEAKER AND MICROPHONE IN SMALL ROOM. 


OQ LOUD SPEAKER AND MICROPHONE IN LARGE ROOM,NO 
COUPLING TO LIVE ROOM. 


COUPLING 
SURFACE 


REVERBERATION TIME IN SECONDS 








500 1000 
FREQUENCY IN CYCLES PER SECOND 


Fic. 6. Reverberation time-frequency curves of a small live room 
and a large moderately live room. 


same for both rooms, the value found for the small room. The decay 
curves plotted by the meter are straight indicating that within the limits 
of the precision of the measuring instrument the average sound inten- 
sity decays exponentially. 

Substituting in equation (24) the values of Table V, modified by 
doubling the value of 6, as explained above, and making use of equation 
(15) we have for a coupling surface of 19 square feet, 


p2 = po2 [2 . Oe-2-8# _ 1.Oe-17-2¢] (41) 


and for a coupling surface of 94 square feet, 


po = po2|2.3e713-8¢ — 1, 3¢-22-7¢], (42) 
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One of the decay curves shown in Figure 7 represents equation (42), the 
other represents the plot of 

pi = po (0. 56e-13-8¢ + 0.44e-22-7¢] (43) 


which is equation (40) modified by doubling 6;. After the first few db 
drop in intensity level, these theoretical curves have the same slope. 
This is in agreement with the experimental data. 


SOUND INTENSITY LEVEL IN.DECIBELS 





TIME - ‘SECONDS. 


Fic. 7. (1) Curve illustrating equation (43); (2) Curve 
illustrating equation (42). 


(c) Loud Speaker in Large Room and Microphone in Small Room. 
With the microphone in the small room and the loud speaker in large 
room and the coupling surface adjusted to 19 square feet, single slope 
decay curves are found which yield reverberation times of the same 
magnitude as those measured with the speaker located inside. 

Doubling the value of 6, and then substituting the modified values of 
Table V, in equation (23) and making use of equation (17) the theoreti- 
cal equation of decay becomes 


pr = pou|2.4e-9-8¢ — 1. 4717-24], (44) 


This equation is essentially the same as equation (41) and at once the 
agreement between theory and experiment is obvious. 
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(d) Loud Speaker and Microphone in Large Room. With the loud 
speaker and the microphone in the large room, the latter being 15 feet 
from the coupling surface, and the coupling surface set at 19 sq. ft. de- 
cay curves showing two distinct regions of average slope are obtained. 
The results interpreted as reverberation times are shown in Figure 8, 
the numbers in parentheses being the db range for each decay. At once 
it is clear that the first reverberation time is that of the large room, the 

2.4 


-~~@-- REVERBERATION TIME OF SMALL LIVE ROOM 
——o— SHORT REVERBERATION TIME 


---©-- REVERBERATION TIME OF LARGE MODERATELY 
LIVE ROOM 


‘Tet se 
eet 
14 


/ 


1.0 (16) 


REVERBERATION TIME IN SECONDS 








100 500 1000 5000 
FREQUENCY IN CYCLES PER SECOND 


Fic. 8. Reverberation time-frequency curves of a large moderately live room coupled by a 19 sq. ft. 
opening to a small live room; sound source in large room. 


second that of the small room. During the first part of the decay the 
coupling surface acts as an absorber, during the last part as an equiva- 
lent decaying sound source. 

At a distance of 15 feet from the coupling surface calculations indi- 
cate that the sound intensity is approximately 1.5 times the average 
sound intensity which the opening as a source of sound can produce in 
the room. This should be accounted for in the coefficients of the equa- 
tions by multiplying 8, by this factor, but the exponents which deter- 
mine the decay rate should not be so modified. As before 8; is doubled 
to account for the effect of the reflecting wall opposite the coupling sur- 
face. Substituting the data of Table V with these modifications in equa- 
tion (24) we get on making use of equation (17) 


p2 = po2[0. 95e—17-2# + 0.05e-9-84] . (45) 
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The plot representing this equation is shown in Figure 9. The curve 
has two regions of distinct slope. The rate represented by the first slope 
is characteristic of the large room and it has a range of 20 db. During 
the next 10 db drop the rate changes to a value characteristic of the 
small room. This checks the experimental data except that the level at 
which the change takes place is not in exact agreement (see Figure 8). 
Remembering that the first recorded point may be from 3 to 6 db below 
the cut-off intensity level, the agreement between theory and experi- 
ment is satisfactory. 
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Fic. 9. (1) Decay curve characteristic of large moderately live room. (2) Decay curve characteristic 
of small live room with a 19 sq. ft. opening into largeroom. (3) Decay curve in large roomcoupled 
by 19 sq. ft. opening to small room; sound source in large room. 


IIT. Large Dead Room Coupled to a Large Live Room by Means of a 
Small Room. These rooms are those already studied, the small live room 
being the hallway connecting the two large rooms. The loud speaker was 
placed in the large live room, the hallway doors were all opened so that 
two complete surfaces were open, one to each large room. Then with the 
microphone first in the large live room and then in the large dead room 
the data shown in Table VII were obtained. 

These data indicate that the action here is the same as the case of the 
small live room coupled to the large dead room (I (a) and I (b) ), that 
is, the reverberation time found for the dead room under such a coup- 
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ling is that of the live room coupled to it. The connecting hallway is less 
reverberent than the large live room and after the first few db drop in 
residual sound intensity level it acts as a part of the large dead room. 

Next all the hallway doors were closed except the two smallest ones, 
leaving a coupling surface of 19 square feet into each large room. With 
the loud speaker in the large live room and the microphone in the large 
dead room, the measured reverberation time is the same as that found 
in the small connecting room when measured with the two small doors 


TABLE VII 
REVERBERATION TIME MEASUREMENTS 
0 eT re ere rere re 120 240 500 1000 2000 4000 
Microphone in Large Live Room..... 0.90 0.72 0.70 0.69 0.65 0.67 
Microphone in Large Dead Room.... 0.93 0.77 0.70 0.75 0.75 0.68 


open. With the loud speaker in large dead room, and the microphone in 
large live room, a reverberation time the same as that found for the 
small live connecting room is obtained. Under this arrangement the 
connecting hallway is the most reverberent of the rooms and after the 
first few db drop in the residual sound intensity level it acts as an equiv- 
alent decaying sound source. (See I (b) and II (b) .) 

IV. One Portion of a Room Live, the Other Dead. The room has a vol- 
ume of 100,900 cubic feet and an area of 13440 sq. ft. Approximately 
one half of the room surface (7118 sq. ft.) has an average coefficient of 
absorption of 0.14, the other portion (6322 sq. ft.) an average coefficient 
of absorption of 0.44; and these portions may be considered coupled by 
a 1553 sq. ft. surface, a cross section of the room at the division of the 
two kinds of acoustic treatment. The live portion is designated as R, 
the dead portion as R». If a weight of unity be assigned to the open 
window the following equations of decay are obtained. 


pi = por |0.99e~10-8¢ + 0.01e-4-6¢] (46) 
p2 = poo[1.4e—"-8* — 0. 4e-4-8¢] , (47) 


From previous considerations (See Fig. 7), it is clear that after the 
first 0.05 second the rate of decay of the sound intensity level is constant 
and exactly the same in the two portions. Therefore, making use of 
equation (34) the reverberation time can be calculated. Considering the 
room as a unit, not as two portions coupled together, a reverberation 
time can also be obtained using equation (25). Calculated and experi- 
mental values are shown in Table VIII. 
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The coefficients of absorption used are those usually accepted for the 
intermediate frequencies, but it is not certain that the materials as 
mounted in this room have exactly these coefficients. It is not definite, 
therefore, which method of calculation is supported by the experimen- 
tal data, but it is definite that the two methods of calculation are not in 
agreement. If a weight less than unity had been assigned to the coup- 


TaBLe VIII 
Calculated reverberation time assuming portions coupled.................... 1.28 sec. 
Calculated reverberation time considering the room asaunit................. 1.03 
Measured reverberation time at 500 cycles per sec... ..........0.. 000 eee eee 1.13+.05 
Measured reverberation time at 1000 cycles per sec................0000 0000s 1.22+ .03 


ling surface, the first calculated value would have been higher and the 
disagreement in general would have been greater. It seems, therefore, 
that with this type of room combination the weights recorded in Table 
I are not applicable. 

No doubt both methods of calculation are somewhat in error, the 
first, because the energy density is far from being discontinuous across 
the coupling surface; the second, because the absorbing material is con- 
centrated in one portion of the room. Probably a value close to the one 
calculated by the first method should be used when the difference in 
absorption of the two portions is marked, and a value near the one cal- 
culated by the second method when the absorbing material is more 
nearly uniformly distributed. 

Decay curves showing two distinct regions of average slope (see 
Figures 4 and 9) were found when curtains were spread out over two 
opposite live walls. The diffuse sound energy is dissipated first, but the 
small amount of energy which is reflected back and forth between the 
two remaining parallel walls, persists longer and shows a slow rate of 
decay of the sound intensity at low levels.* 


SUMMARY 

It has been shown that a window which opens into the out-of-doors 
or its equivalent cannot be considered under certain conditions to have 
a coefficient of absorption of unity when a calculation is made to deter- 
mine the reverberation time. Reflection at the opening when its dimen- 
sions are not large as compared with the wavelength of the tone used, 
and the lack of a diffuse state of the sound waves due to the highly ab- 
sorbing opening have been shown to be the cause of the apparent lower- 
ing of the coefficient of absorption. For a small live room such as de- 
scribed in this paper, the correction factors or weights of Table I may be 
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used, but it is not safe without investigation to use these weights for 
rooms of larger dimensions. The main conclusion to draw is that unless 
an opening has dimensions large as compared to the wavelength of the 
tone used, and an area small as compared to the surface in which it is 
located a correction factor or weight will need to be determined and 
used. . 

Theoretical equations of decay for acoustically coupled rooms have 
been developed and found adequate with slight modifications to de- 
scribe the experimental results. As a summary it seems fitting to illus- 
trate how these equations may be applied. 

First idealize a theatre as shown in Figure 10. The main room has an 
average coefficient of absorption not including the coupling surface, of 





Fic. 10. Idealized theatre. 


0.20. The small room (balcony) is assigned various coefficients of ab- 
sorption in order to illustrate how the decay curves are modified by such 
change. The source of sound is located in the main room. 

The coupling surface looking into the balcony is assigned arbitrarily 
but following the lead suggested by the results reported in this paper, 
a weight of 0.9, and looking out of the balcony a weight of 0.6. Figure 11 
represents the decay of the sound intensity level in the main room 
(equation (23)), curves 1, 2, 3, 4, 5, 6 and 7 corresponding to an aver- 
age coefficient of absorption of the balcony, not including the opening, 
of 0.01, 0.05, 0.1, 0.2, 0.3, 0.4, and 0.5 respectively. In Figure 12, curves 
1 to 7 illustrate the decay of the sound intensity level in the balcony 
under similar conditions; curve 8 represents the condition when the 
energy density of the balcony with greatest absorption is the same as in 
the main room, a condition which might be realized at least for high 
frequencies by directing a beam of sound directly into the balcony. 
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In general the curves of Figure 12 show that when the average coef- 
ficient of absorption of the balcony walls is less than the average coef- 
ficient of absorption of the main room, the rate of decay of the sound 
intensity level in the balcony, after the first 5 or 10 db drop is essentially 
the same as if the balcony were coupled by its opening to the out-of- 
doors. For the same coefficients of absorption, Figure 11 shows that the 
rate of decay of the sound intensity level in the main room for approxi- 
mately the first 5 db drop is characteristic of the main room, but during 
the next 8 to 15 db drop, the decay rate changes to that of the balcony. 


‘tee eS eC e sy Be 
. SERESRERSESRECRRATES 
Set tt 

id 










NX 


@N 
NS 
he x 
SeiNexe 
POET AS 


rie IN “SECONDS 


NY 


SOUND INTENSITY LEVEL IN DECIBELS 


CEE 
“CLASES g 
Mes TSS a 
: CARSNCSGLCRBEEE TE 
: COONS SEC 
COOLERS 5 

COA NSS 
COCCI 
SSSeeeeNG 


DARE 





| |y 


/ 


Hee Ee 
RY SES Soeee 


eLIZ | | 


“ 
im 
& 
Ed 
a 
a 
a 
NI 








Fic. 11. Decay curves for main room of idealized theatre. 


On the other hand, as the average coefficient of absorption of the 
balcony exceeds the average value for the main room, the rate of decay 
of the sound intensity level in the main room (Figure 11, curves 4, 5, 6, 
7) very quickly approximates the value (a reverberation time of 1.32 
sec.) calculated on the assumption that the coupling surface is an open 
window to which a weight of 0.9 has been assigned. In the balcony dur- 
ing this change of absorption (Fig. 12, curves 4, 5, 6, 7) the decay rate 
of the sound intensity level does not increase as one might expect, but, 
except for the first 5 db drop, takes on the slower decay rate of the main 
room. 

As a rule the average coefficient of absorption of a balcony in a thea- 
tre is as great or greater than the main room, hence curves 4, 5, 6, and 
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7 of Figures 11 and 12 are more typical than curves 1, 2 and 3. When 
this is true the rate of decay of the sound intensity level will be substan- 
tially constant and the reverberation time should be the same through- 
out the theatre, the balconies taking on the reverberation time of the 
main live portion. Then if we ignore the first 5 db drop in the sound in- 
tensity level, the second terms of equations (23) and (24) may be neg- 
lected and at once referring to equations (34) and (21) we have 


13.8 27.6 
=S= —_——_— - a (48) 
by —_ MB B 
where 
= by + by — V(b2 — bi)? + 4BiBe. (49) 
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Fic. 12. Decay curves for balcony of idealized theatre. 


If the balcony of a theatre of the type illustrated in Fig. 10 is as live 
as the main portion, the reverberation time formula, equation (25), ap- 
plied to the room as a whole will usually give a reverberation time ap- 
proximately of the same value as the coupled room formula, equation 
(48). But if the balcony is dead, equation (25) may give a value much 
too small. For example, in the idealized theatre, Figure 10, when the 


_ average coefficient of absorption is 0.2 in both rooms, the reverberation 


time calculated by the coupled room formula is 1.45 sec. and by the 
so-called reverberation time formula 1.42 sec.; when the coefficient of 
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absorption in the balcony is changed to 0.5, the values are 1.36 sec. and 
0.9 sec. respectively. The larger value obtained by equation (48) could 
have been obtained also by equation (25) had the balcony been ignored 
and had the coupling surface treated as an open window been assigned 
the weight 0.76, the weight of 0.9 which was needed as a correction for 
the supposed lack of a diffuse state being reduced due to the return of 
energy from the balcony. Similarly, weights of 0.47, 0.55 and 0.69 could 
have been used successfully for balcony coefficients of absorption of 0.2, 
0.3 and 0.4 respectively. 

But in many auditoriums the balconies are much more a part of the 
main room than illustrated in Figure 10. The reverberation time of an 
average theatre will therefore be somewhere between the value given 
by the approximate coupled room formula, equation (48), and the value 
obtained from the single room formula, equation (25). If desired, it will 
be possible to establish from careful reverberation time measurements 
in various types of theatres a series of empirical weights which may be 
assigned to the balcony and under-balcony openings in order that equa- 
tion (25) when applied to the main portion of the theatre will yield cor- 
rect reverberation times. 

In order to check theory by experiment we have in general ignored the 
first few db drop in the residual sound intensity level because the rever- 
beration meter does not record this portion of the decay accurately, but 
it must not be inferred that this portion of the decay has no significance. 

Acknowledgment is extended to Mr. Frank A. Goss, Jr. who has 
rendered valuable aid in obtaining the data recorded in this paper. 
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A PLANETARY REDUCTION GEAR SYSTEM FOR 
RECORDING TURNTABLES* 


By A. V. BEDFORD 
R. C. A. Victor Company 


INTRODUCTION 


It is quite surprising to the casual observer, and even to the unini- 
tiated engineer, that the problem of obtaining a steady speed of either 
the disc or the film record has been, and perhaps still is, the most diffi- 
cult of all of the problems of high quality sound recording and reproduc- 
ing. Mechanical rotation drives are much older than even the oldest of 
the audio devices such as photoelectric tubes, amplifiers, speakers and 
pickup devices. Yet the latter elements were quickly developed on a 
scientific basis so that their behavior could be determined largely by 
calculation, while even now the commercial mechanical design is pro- 
ceeding on a cut-and-try basis so that it is commonly a matter of specu- 
lation as to whether a fly-wheel added here, a flexible coupling there or 
a braking device somewhere else in the system will produce more uni- 
form speed of record. 

In the early days of alternating current electricity the mechanical 
analogy was frequently used to visualize an electrical phenomena. How- 
ever, at present the methods of analysis of complicated mechanical sys- 
tems is so far behind that of electrical circuits that the electrical anal- 
ogy is used to study mechanical systems. This is due to the sheer lack of 
adequate symbols, circuit diagrams, nomenclature, units, and technique 
as well as to precedent in the mechanical system analysis. 

The present paper has two objects: to present an example justifying 
the use of a detailed numerical application of electric circuit analysis to 
mechanical rotational systems, and to describe a new planetary turn- 
table drive system that promises increased steadiness. 


ANALYSIS OF SIMPLE GEAR SYSTEM 


The analogy of mass, or moment of inertia, to inductance and of me- 
chanical compliance to capacitance and in which force or torque cor- 
responds to voltage, and velocity is analogous to current, is too old to 
require any justification in this paper. Following along this line, an in- 
ductance has 27FL ohms positive reactance and a capacitance and has 
1/(27FC) ohms negative reactance. Likewise friction is analogous to 
electrical resistance but we must carefully specify the “kind” of friction. 


* Written for the Camden meeting of the Acoustical Society of America, May 4, 1931. 
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Common sliding friction, such as found in a common bearing, is not a 
true resistance since it does not follow Ohm’s law. In such a bearing 
the force (£) is approximately independent of the velocity (J), whereas, 
Ohm’s law specifies that it should be proportional to velocity (2) or 


E=IR. (1) 


This law makes the resistance (R) an independent constant. (Note that 
the velocity and the force referred to is relative only; i.e. between the 
two parts affected.) The force due to eddy currents in a conductor 
moved across a magnetic field follows the true resistance law. Also vis- 
cous liquids and gases exhibit true mechanical resistance in respect to 
the force required to move one liquid surface over another in shear. This 
action is used in the automobile shock absorber and other damping de- 
vices in which liquid is pumped thru a small passage. 

Since questions frequently arise concerning the manner in which the 
elements of a complicated mechanical circuit should be connected in 
the analogous electrical circuit, it is fitting here to review the procedure 
in developing the circuit. Let us use, as an example, the simple case of 
a synchronous motor driving a disc record turntable thru a flexible 
coupling, a pair of simple bevel gears, and another flexible coupling. A 
viscous braking load is applied to the turntable. This system is shown 
schematically with its developed analogous circuit in Fig. 1. (The same 
analysis would apply if worm gearing were used in place of bevel gears.) 
This system will be analysed in some detail since the special gear sys- 
tem to be described later will be compared to it. 

Consider the electrical synchronous motor as a generator of force and 
velocity. Let the electrical power supplied to the motor be of constant 
frequency and assume that the motor does not fall out of synchronism. 
Then the motor supplies a constant average r.p.m. and so is analogous 
to a constant current (CI) direct current generator. This generator is 
shown as J p.c, in the analogous circuit of Fig 1 and forces constant di- 
rect current thru the inductance L,; which corresponds to the moment 
of inertia of the rotor. Now the generated torque of a motor varies 
through out the alternating electrical power cycle, which variation can 
be shown by the alternating current generator £, in series with J pc and 
L,;. It is to be understood that the generator 7 p¢ will freely pass an al- 
ternating current and that £, also will offer no obstruction to the direct 
current from I pc. EF, is of the constant voltage (C.E.) type since it rep- 
presents torque variation rather than rate of actual displacement of an- 
gular position. The lowest frequency of this torque variation is generally 
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twice the electrical power-supply frequency since the torque impulses 
occur on each half cycle. The harmonics of this torque might also be 
such as to produce any multiple of the driving frequency. 

Ideally the drag of the motor bearing Q can be represented by a con- 
stant voltage direct current generator E:.in series with L;. However, 


Ly =5.03x10° 
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Fic. 1. Simple Turntable Drive and Analogous Circuit Diagram. 


experience has shown that high spots, non-uniform lubrication, and un- 
even load commonly causes the frictional torque to vary through-out 
each revolution so that EZ, should be shown as a generator of direct volt- 
age with superposed alternating voltages of frequencies corresponding 
to the bearing speed and multiples thereof. Since the direct component 
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will only load the motor and not affect uniformity of speed we will 
henceforth consider any bearing as only a constant voltage alternating 
generator. Note that E, (friction) is opposed to EZ, (torque) and hence 
is of opposite sign. 

The coupling H (Fig. 1) is flexible in torsion and is analogous to a 
capacitance Cy. Since the rate of flexing of this coupling plus the veloc- 
ity of the gear E instantaneously equals the velocity of the rotor of the 
motor, the condenser Cy must be connected in shunt rather than in 
series with Lz. The validity of this statement can be proved by apply- 
ing Kirchoff’s law to the circuit junction point S. This law states that 
the sum of all currents entering any point in a circuit is equal to the 
sum of all currents flowing out of the point. 

As in the case of bearing Q, bearing T is represented as an alternator 
(Es) acting in series with its associated mass (Lz) of the gear E. 

The gear E has teeth that mesh with and drive gear F. If the teeth 
of both gears were perfect in spacing and shape there would be a con- 
stant relation between their angular speeds. However, due to manufac- 
turing errors and wear no gear is ever perfect in either respect. If we 
make the reasonable assumptions that the teeth are so stiff that they 
do not appreciably flex, and that the direct current load on the entire 
system is enough to insure the teeth always being in contact (in spite of 
the presence of back-lash) these gear imperfections will cause a definite 
change in their relative velocity. The forces on the teeth will be what- 
ever is required to maintain their definite instantaneous angular posi- 
tion, so that the analogous alternating generator J, which produces the 
disturbance is connected so as to force its current into the point Y 
which connects the inductances Lz and Lr. Applying Kirchhoff’s law, 
to point Y we see that the angular velocity of gear F is equal to that 
of gear E plus that introduced by the angular tooth errors of the gears. 
Further analysis of gear disturbances will be given in Appendix I. 

Some gears may bind slightly when certain rough or “High” teeth 
mesh. This produces an intermittent braking force on the gears which 
may be likened to the voltage of an alternator (Z,) connected in series 
with the inductances LE and LF corresponding to the moments of in- 
ertia of the two gears. The non-uniform component of drag of bearing 
K is shown as a constant voltage alternator E;. A similar procedure 
shows why the compliance C p of coupling P is shown in shunt and why 
E, is in the series with the large turntable mass L y. 

The friction pad W has a film of viscous liquid between it and its bear- 
ing surface so that one component of the drag increases proportional to 





will 
ting 
ence 


toa 
‘loc- 

the 
nN in 
ply- 
that 

the 


ator 


eth 
con- 
fac- 
we 
hey 
tire 
e of 
nite 
hat- 
0Si- 
the 


law, 
that 
ars. 


eeth 
hich 
Ties 
f in- 
ring 
dure 
why 


ear- 
al to 


1931] A. V. BEDFORD 211 


speed and hence is shown as a resistance Rw. This force directly op- 
poses turntable rotation and hence is connected immediately in series 
with Ly. 

Kirchhoff’s other law states that the sum of all the voltages acting in 
series around any closed circuit equals zero. As a matter of check this 
law can be applied to various parts of Fig. 1. Applying this to the circuit 
E; Ly Rw and C,, we find that the total force acting on the inertia of V 
and the resistance load of the turntable is that applied thru the coup- 
ling P and that arising in the bearing A. 

It is probable that any slight errors in tooth shape or lack of tangency 
of the gear pitch circles would generate frequencies corresponding to 
the rate at which the teeth pass the center line thru the gear centers 
(and harmonics thereof). In any event, the lowest frequency which we 
have to consider, corresponds to the lowest gear speed. We shall later 
see that this is an important point. 

Appendix I, showing the effect of gear eccentricity or inaccurate 
tooth spacing, shows a definite variation in the relative angular veloci- 
ties of the gears, which is independent of the torque on the gears. This 
implies the reasonable assumption that the gears are not appreciably 
elastic for the forces involved. It further shows the important fact that 
such gear variations are analogous to generators of the “constant cur- 
rent” and not of the “constant voltage” type. By “constant current 
generator” is meant one whose current output is independent of load- 
ing or of the addition of series voltages. Such a generator is sometimes 
called “a high internal resistance” generator. 

The binding of two gears may be due to high spots or rough spots on 
either or both gears. If there is only a high spot that binds on one gear it 
will effectively offer a cycle of irregular braking on the gears which re- 
peats each revolution of the gear having the high spot. If both gears 
have high spots which bind independently the disturbance frequencies 
will be those corresponding to the gear speeds and their individual mul- 
tiples. However, if each gear has a “High Spot” which causes excessive 
friction when the two high spots are meshed together, it is evident that 
the lowest frequency disturbance generated will correspond to the teeth 
per second of the larger gear divided by the least common multiple 
(L.C.M.) of the numbers of teeth of the two gears. This may be a very 
low frequency compared to the gear speeds so that it is difficult to filter 
out. In the electrical analogy the effect of binding is represented as a 
constant voltage (C.Z.) generator in series with the inductances cor- 
responding to the inertias the gears. In turntable drive design the solu- 
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tion seems to be to allow sufficient clearance between the gears so that 
binding is impossible. This does not require high accuracy limits in 
manufacture and will be assumed in the following. 


NUMERICAL SOLUTION OF SIMPLE GEAR SYSTEM FOR 
COMPARISON PURPOSES 


Numerical analysis of the simple gear system of Fig. 1 will be made 
to serve as an example of procedure and also as a standard to which we 
may compare.the behavior of the more complicated competitive system 
to be described later. 





Fic. 2. Simple Gear Circuit for Tooth Frequency. 


The constants have been assigned values in accordance with what 
they might be for reasonably good design, and are given in gram-cm 
squared and radians per dyne-cm. units. Since a gear ratio which steps 
up angular speed is analagous to a transformer that steps up current, 


20 cps 20 cps. 2o0c¢p 





Fic. 3- Simple Gear Circuit for Motor Speed Frequency. 


all constants have been changed to the basis of turntable speed by di- 
viding all inductances and all capacitances by the square of the ratio of 
turntable speed to the speed of the part being considered. The genera- 
tors marked £,, Es, etc. are of the constant voltage (or low impedance) 
type and represent sources of torque or anti-torque (friction) while those 
marked /,, J2, etc. are of the constant current type and represent sources 
of angular velocity. The frequencies shown are the fundamental fre- 
quencies of 200 c.p.s. tooth frequency and 20 and .55 c.p.s. gear fre- 
quencies. 
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Fig. 2 shows the impedances in megohms for 200 c.p.s. By calcula- 
tion it can be shown that J y equals only about .00014 of J,. This shows 
that the filtering effect for this frequency is tremendous. A similar com- 
putation, or even inspection shows that the impedances at 120 c.p.s. are 
such as to make &, of Fig. 1 very insignificant in forcing current thru 
Ly. These considerations show that, due tothe high moment of inertia 


SIFCLS. TOaps SECPS 
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Fic’ 4. Simple Gear Circuit jor Turtable Frequency. 


of the turntable and the moderately flexible couplings, there can be no 
appreciable high frequency rotational oscillations in the turntable. 

Fig. 3 shows the impedances for the 20 c.p.s. disturbances and cal- 
culation shows that the 20 c.p.s. “current” in the turntable “inductance” 
N is only .0014 times (Z.+#;+;) plus .013 times J;. We shall later 
see that these represent very small relative values of disturbance. 

Fig. 4 shows the values for .55 c.p.s. but in this case Fy is 1.05 time J, 
plus .0017 times Es plus .0047 times (E,;+£;). This shows that, for this 


Xy=738 





Fic. 5. Simple Gear Circuit for Resonance (Freq. 2.3 ¢.p.s.). 


frequency, the disturbance / y introduced by the larger gear is slightly 
increased instead of being decreased by the filter system. This is the dis- 
tinctly weak point of this drive system since it means the error of the 
turntable angular position at any moment is about as great as the fun- 
damental error in the angular tooth pitch in the lowest speed gear. 

Now let us consider the circuit at its resonance, which will give a clue 
to its response to transient disturbances such as starting. Inspection of 
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Figs. 3 and 4 shows that, for any frequency at which X y and X p might 
be equal, the remainder of the circuit has so much higher impedance 
that it will not appreciably affect the resonance and hence may be neg- 
lected. This gives us the circuit of Fig. 5, which though not “critically 
damped,” has quite a high time decrement. The resonant frequency is 
2.3 c.p.s. If by chance it should have a disturbance E, of this frequency 
the current would be opposed only by the resistance. 


DESCRIPTION OF PLANETARY SYSTEM 


Fig. 6 shows a cross-sectional view of the new gear box. A 1200 R.P.M. 
motor (not shown) drives the shaft and gear P(25-teeth) thru a flexible 
coupling. This gear meshes the spiral bevel gear V(74-teeth) which is 
keyed to its shaft and drives thus in turn the fly-wheel G. This fly-wheel 
carries the common shaft of the planetary gears U(30-teeth) and F(28- 
teeth) which respectively mesh the gears J(118-teeth) and £(120-teeth). 
Gear J is restrained from rotation by the arm M which is attached to 
the gear box thru the coil spring J acting thru the oil-filled, vented, 
damping, metal sylphon K. The arm M is also separately attached to 
the box by the spring L. The flywheel G rotaties at about 407R.P.M. 
but, since gear F is only slightly smaller than gear U, the gear E rotates 
only 33-1/3 R.P.M. This may be shown by formula 


Speed of E (1 IF ) 37 
Speed of V _ UE] 450 


where J, F, U and E represent respectively the number of teeth on each 
gear. The shaft of gear E carries another flywheel (not shown) and, thru 
a flexible coupling, drives the turntable (also not shown) on its own bear- 
ings above. 

At this point it should be noted that no gear in the system runs at as 
low a speed as 33-1/3 r.p.m. with respect to its meshed mate. Even the 
gear E, which runs 33-1/3 r.p.m., contacts each of its teeth with gear F 
about 375 times per minute. This means that any irregularity in its an- 
gular tooth spacing will make a distrubance which occurs 11.3 times as 
often as it turns in space (33-1/3 r.p.m.). As we shall see later this gives 
a frequency which is very much easier to filter than is the frequency of 
33-1/3 cycles per minute. 

Also it should be noted that the support of all the moving parts is 
such that no bearing in the gear box runs at a speed lower than 375 
r.p.m. This again is an advantage in filtering since in this manner only 
high frequencies can be generated by irregularities in bearing friction. 
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It has even been found desirable to support the major portion of the 
weight of the heavy turntable on the bearings in the gear box thru a 
longitudinal thrust in the flexible couplings above the gear box, in order 
to further decrease the probable low frequency irregularity of torque in 
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Fic. 6. Planetary Gear Box. 


the stationary turntable bearing. It should be observed that the static 
friction of the bearing of gear J has been removed by the rotation of its 
journal. This increases the sensitivity of the filtering and damping ac- 
tion of the arm M. 
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ANALYSIS OF PLANETARY SYSTEM 


Fig. 7 gives a schematic view of the turntable and drive system, in- 
cluding flexible couplings and the damping device. The equivalent elec- 
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Fic. 7. Planetary Gear Drive and Circuit Diagram. 





trical circuit is shown and dotted arrows indicated the constants repre- 
sented. The frequencies shown are the fundamental frequencies and it 
is understood that integral multiples of these frequencies may exist 
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equally well. The coil springs Z and J and sylphon K are in reality lo- 
cated so as to directly oppose the rotation of arm M, but are shown in 
other positions so that their connections can be seen. All constants are 
given in c.g.s. units translated to turntable speed for convenience in cal- 
culation. ;' 

The impedance of the various elements of the circuit have been 
worked out for the fundamental frequency of gear E (6.2 cycles per sec- 
ond) and are given in mechanical megohms in Fig. 8 (a). All generators 
of disturbances of about this frequency are shown and the current J 4 in 
microamperes or micro-centimeters per second in the branch correspond- 


Xg7/96 





Fic. 8(a). Planetary System 6.2 c.p.s. Impedance in Megohms. 


ing to the moment of inertia of the turntable is calculated approxi- 
mately in terms of the several initial sources. 


I, for 6.2 c.p.s. = (Es a Es) .0006 = T 9.0038 + T,,.0075 = T2.0017 


(E, and £s are in volts or dyne cm. torque) 


The factor .0006 for E; and Es is smaller than .0017 and .0047 which 
were the similar factors for the simple gear system previously analysed. 
This means that, to obtain the same degree of freedom from bearing 
troubles, the bearings which carry the turntable weight will not have 
to be made as uniform for the planetary system as for the simpler gear 
system. The .0075 factor for J;, and the .0017 factor for J\2 indicates 
that only those fractions of the actual angular error of tooth displace- 
ment of the gears J and E reach the turntable. However, it should be 
acknowledged here that, though the planetary system has not increased 
the total unfiltered angular error of the gears J and E (which corre- 
sponds to charge and not current), it has increased the frequency of the 
displacement (or charge) about 11.2 fold, which means a corresponding 
increase in rate of angular displacement (or current). For comparison 
purposes the factors can be changed to .0842 for J, and .0191 for J12 to 
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give a true picture of the decrease in the effect of gear error. This still 
shows a minimum of 12.5 fold gain over the factor 1.05 of the simple gear 
system. Fortunately the speeding up of bearings does not increase their 
probable variable torque so that E,; and Es of the planetary system are 
not increased. 





Fic. 8 (b). Planetary System .55 c.p.s. Impedance. 


Fig. 8 (b) shows that the factor for the table bearing, E, in producing 
current in X 4, is less than .01 and that the value of Ey, can be reduced 
by perhaps 10 fold by supporting most of the table weight on bearings 
in the gear box (as mentioned before). This will give a combined fac- 
tor of less than .001 which is better than the .0017 obtained for the sim- 
ple gear system. 


94 
(28.7) 


I, = 55.105 for 






Xz 3 ops 
13.7 
(45) (Lp = £9095 
for .9/ cps) 


Fic. 8(c). Resonance, 3 c.p.s. and .91 c.p.s. (Impedances for .91 ¢.0.s. shown in parentheses) 


The determination of the resonant frequencies’ for this rather com- 
plicated circuit does not lend itself to direct solution. The “trial and 
error” method was used as being shorter than the impedance plotting 
method and sufficiently accurate. By inspection, only that portion of 
the circuit shown in Fig. 8 (c) is appreciably effective. The impedance 
of X¢ and X, in parallel was found to be about equal and opposite in 
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phase to the impedance of the circuit of Xp, X uw, X1, Xz, Xx and R at 
frequencies of 3 and 0.91 cycles per second. The approximate imped- 
ances of the elements are given in the Fig. 8 (c). 

The value of 30 megohms given for R is only estimated since it was 
not measured in the actual machine built but was adjusted to optimum 
value as determined by observing a strobscopic disc on the rotating 
turntable while being excited at resonant frequency by hand. This ad- 
justment is easy to make since an adjusting screw which controls a valve 
opening in the sylphon extends outside the gear box and controls the 
resistance over a large range. 

The decrement of the circuit of Fig. 8 (c) has not been calculated from 
the constants, but experiments with the model machine built indicate 
that only six seconds is required for a synchronous motor to start the 
system from rest and for the table to reach what can safely be called 
“steady speed.” 

However, with the assumption that R is 30, the impedances are such 
that J ,4=.105 XE, for the higher resonance and J ,=.095 X Ey for the 
lower resonance. These equations would hold for a case in which the 
respective resonant frequency torques were applied to the table. Tor- 
ques of approximately these frequencies might arise as the sixth and 
second harmonics of the table bearing speed but they should be small 
since the pressure on the bearing is reduced by support from the bear- 
ings in the gear box. 


CONCLUSION 


In conclusion, I believe that the planetary gear system has been ex- 
amined theoretically in all respects which may have a vital effect upon 
its steady operation and that it has been found to be much more free 
from the irregular speed due to imperfections of bearings and gears than 
is the simple gear system. This conclusion is somewhat verified by tests 
on an experimental model which exhibited less than .03 percent varia- 
tion in turntable speed at turntable revolution frequency. Measure- 
ments were not made at other frequencies. 

Development work is still in progress on the planetary gear system 
and filter. It is hoped that the increased number of parts in the system 
over the simple system will be more than off-set by their less strict ac- 
curacy requirements so that the total cost will be decreased. 

In this entire system each of the constants given, except the resist- 
ance of the damping sylphon, was either calculated from dimensions or 
measured. The need for this is evident, since the system contains so 
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many important elements that it would be impossible to determine the 
optimum design by cut and try experimental methods. The determina- 
tion of the constants was found to be much easier than it is generally 
considered to be for such a system. 


APPENDIX I 
Study of Frequencies Generated by Non-uniform Tooth Pitch 


If a gear of constant angular speed but with non-uniform tooth spac- 
ing drives a gear having uniform angular tooth spacing, it is obvious 
that the driven gear cannot have perfectly uniform angular speed if 
teeth always maintain contact and if the teeth do not appreciably flex 
elasticly. If the teeth of the first gear are spaced such that the number 
of teeth per radian is a constant plus a sine function of angle it is evident 
that the angular speed of the second gear will be a constant plus an ir- 
regularity of the same frequency. 

If both gear are non-uniform the result is not so obviously simple and 
it has been suggested that another beat disturbance might be produced 
which would have a frequency lower than either single gear frequency. 
This will now be considered. Let the numbers of teeth on two gears be 
N, and Nz. Let #1 have w; radians per sec. constant speed. Then #2 has 
wiN,/Ne2 average speed. Let the gears have their teeth spaced so that the 
effective number of teeth n counting from some arbitrary position 
where a =0, is 


N 
Nn; = a - a, sin a) (1) 
2 


Vo : 
Ne = —(a2 + d2 Sin Qe). (2) 
2r 


This is the simplest sinusoidal irregularity which a gear may have. Then 
the number of teeth that pass the gear contact point, is: 


N 
Nn), = —(eoss + a, sin jt) (3) 
2n 
Then 
dn, Ni 
— = —w,(1 + a; cos w)f). (4) 
dt 2a 


Now differentiate equation (2) 


dnz No daz dag 
— = —| — + 42 0S ae ; (5) 
dt 2rL dt dt 
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Since 7; = m2, (4) and (5) can be equated 





MN, a n ’ ~(= 4 =) (6) 
—w a, COS wit) = — dz COS a2 — ) 
- —— se a 


Now replace da,/dt by its equal w» 
Ni Ne 
— wi(1 + a; cos wt) = — wo(1 + ae cos ae). (7) 
2a 2a 


Solve for we: 


Nif1 + a; cos wi 
We = w1— aa. (8) 


Ne\1 + de cos ae 


This factor () is of the form (1+.5,/1)(1/1+5S:) where S; and S, are very 
small, since a2 cos a is small compared to one even in poor gears. This 
equals approximately 


1+S 
(— "\(l = $3) 214+5:— 5: 





d ‘el 
We earl + a; cos wit — a2 COS a). (9) 

iV2 
Now since a is almost equal to w2’t where w2’ is the average speed of gear 
No. 2. 


N, 
We Fw) =v + a, cos wit — a2 COs we't}. (10) 
Ne 


This indicates the generation of only those frequencies corresponding 
to the two gear speeds. Evidently if the teeth of either or both gears were 
irregularly spaced or shaped in any way other than sinusoidally the fact 
could be represented by a simple sine wave plus higher harmonics. 











PLANE SOUND WAVES OF FINITE AMPLITUDE 


By R. D. Fay 
Massachusetts Institute of Technology 


ABSTRACT 

The principal object of the analysis is to find the change in type of periodic plane waves of 
sound of finite amplitude propagated in free air. 

A solution of the exact equation of motion is obtained as a Fourier series. Due to the non- 
linear relation between pressure and specific volume there is found to be a gradual transfer 
of energy from components of lower frequency to those of higher frequency. Since the effect 
of viscosity is to attenuate the higher frequency components more than the lower, there is 
always a wave form having the harmonic components in a stable relation such that the de- 
crease in relative magnitude of any component due to viscosity is compensated by the relative 
increase due to nonlinearity. The conditions for stability vary with intensity. There is there- 
fore no permanent wave form, but the stable wave will change its form more gradually than 
any other wave of the same intensity and wave length. The change in type of any wave is 
toward this stable form. There is a marked departure from the sinusoidal in the stable type 
even for waves of very moderate amplitude. 

The analysis of plane waves of sound of finite amplitude is of special 
interest on account of the attention the problem has received in the 
classical literature. The analysis is important since it is an essential step 
in solving general problems involving sound waves of finite amplitudes. 

Rayleigh shows that sound waves cannot be propogated in air without 
a change in type, the tendency being for the denser parts of the wave 
to travel more rapidly than the more rarefied parts. If the amplitude of 
the wave is infinitesimal the effect is negligible. For waves of finite am- 
plitude the effect cannot be neglected and his analysis shows that the 
“crests” of the wave travel continuously faster than the “troughs” until 
they coincide which event, as he states, is physically impossible. Finally 
he points out that the effects of viscosity should not be neglected “in 
actual gases.” 

In this paper, the effects of viscosity are included in the analysis and 
a definite solution for the problem is derived. It is found that the effect 
of viscosity is to limit the steepness of the wave front which can be at- 
tained by the crests tending to overtake the troughs. More specifically 
it is found that the change in type is an approach toward a definite wave 
form which is determined for any wave length and intensity. This wave 
form may be defined as the one in which the charge in type during 
propagation is a minimum. It approaches a sinusoid for infinitesimal 
intensity, for in this case viscosity is the predominating factor acting to 
change type and the effect is to attenuate high frequency components 
more rapidly than low. 

* Rayleigh, Theory of Sound, pp. 249 and 356. 
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Since we are to deal with second order effects, it is necessary to derive 
exact equations of motion. This may be done most briefly after the man- 
ner shown by Rayleigh, in which air is treated as a homogeneous con- 
tinuous medium having the physical properties of a perfect gas. 

Since we are dealing with plane waves, all the motion is parallel to a 
fixed line and every particle in any plane perpendicular to this line has 
the same motion. We may then take for a “particle” of the medium an 
infinitesimal layer one unit in area with its plane perpendicular to the 
motion. 

We let x identify a particular particle by specifying the mass ot me- 
dium between the particle and a particle of reference. As it is convenient 
to have x expressed as a length, the mass specified by x is divided by 
the density of the undisturbed medium. We then have: 

x=the distance of a particle from a plane of reference when the 
medium is undisturbed. 

y =the distance of a particle from the plane of reference at any time. 

¢=time. 

Evidently y is a function of x and ¢ and the problem is to determine 
this function explicitly. 

p =density. 

P =total pressure. 

The subscript O refers to conditions in the undisturbed medium. 

p=excess pressure =P — Py, 

v=velocity of the particle. 

u=coefficient of viscosity. 

Considering a unit area of wave front, the mass of the medium con- 
tained in a layer between x and x+dzx is: 


podx. 


In general the thickness of this layer is: 
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This is simply a statement that matter is conserved. The particle 
velocity is: 


oy 
v,=>—: 
ot 
The equation of motion is: 
Op 4 Ov q 4 0 ds* 
— —-dx = po— 4x — — p— GX. 2 
ax oat 3° x? @) 


or 


~ti=(2)". (3) 


Hence, on substitution for p and 2, (2) becomes: 


Py d*y dy\"t![a2y 4 wn O/d*y 
1—— = —-——-—)|. (4) 

po Ox? Ox Ot? 3 po Ot\ dx? 
The constant coefficients in this equation can conveniently be con- 

densed. 

+P /po is seen to be the expression for the square of the velocity of 
propagation of infinitesimal sound waves. In this analysis the speed of 
propagation is in terms of «/t and is therefore the mass of medium 


(divided by po) through which a wave front of unit area travels in unit 
time. This quantity is called S. For infinitesimal waves, S=So and 





= = So”. 
Po 

In this case, since the density does not differ appreciably from that of 
undisturbed air, So is numerically equal to the actual velocity of 
propagation in space. 

The coefficient 4u/3po is not strictly constant since uw is a function 
of temperature. In this analysis, however, u is treated as a constant 
since its variation is slight and we let 4u/39.=M. Making these 


substitutions, we get: 


2 
a 


ra] y+1 e2 0 02 
ee (= ) FE ~/M (2 )| (4") 
Ox? dx/ ot? — Ot\ Ax? 


which is the equation to be solved. 
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The solution is derived for steady state conditions in a medium of 
infinite extent. Assuming a steady state does exist, the motion of every 
particle in the medium will be periodic. Hence: 


y=ux oe F, 


where F is a Fourier series having coefficients which are functions of x- 
Substituting the above value of y in equation (4’) gives: 


o2F OF \"*! 7 oF 0 /0°F 
So? — =(1+ —) — M =( |. (5) 
Ox? Ox Ot? Ot\ dx? 


Rearranging and integrating this equation gives: 


Sf S# oF \~7 °F O°-F 
— —-—_{1+— = —-dx— M ; 
OY OY Ox ot? Ot-Ox 











Expanding the term (1+0F/0x)~ and rearranging we get: 

















ot 3 Se 
dx So? ot? So? dt-Ox 2! Ox , 
. & + 8G+ “yi ” 
3! Ox 


The quantity 0F/dx is the ratio of change in volume to specific volume 
in the undisturbed medium. From (3), 


-4(5,) -1| 
ey Ox 
aF (y+ 1\/ aF\2 
in - et ace ee 3! 
P of 5 ( 2! \(=-) + | 3) 


Hence it is desired to solve equation (5’) for dF /dx rather than for F 


since p is a function of 0F'/dx. 
It is therefore assumed that: 





or 








gF 1 
_ = > [a, cos nwt + b, sin not | (6) 
x n=(0 


where a, and 6, are functions of x. Since any power of a Fourier series is 
itself a Fourier series, the right hand side of equation (5’) is a Fourier 
series expressed by: i 
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(y + “(—)- (y+ 1+ (=) + 
2! Ox 3! Ox 


n=e0 


= >> [An ‘cos mwt + Bn sin not | . (5”’) 


n=0 


We therefore obtain the following equations from (5’), 


w?n? Mwn 
dn + [ fens os b, = A, 














So? So? 
. (7) 
w?n? Mon 
b, + ‘ b, (dx)? — a, = B, 
So? So? 


These are the equations which determine the coefficients a, and b,, for 
all values of m from n=1 to n=. The coefficient a) which determines 
the mean density of the medium in steady state is seen from equation 
(5’) to be ao=A 0- 

We may assume a form of solution consistent with the specified con- 
dition that the medium in which the sound is propagated extends to 
infinity. Under this condition there will be no reflected waves in the 
steady state and 0F'/dx may be expressed in the form: 


OF OF 7 
mt lig ey 
Ox Ox 
where 
"Frail 0) é 
one i Same X, sin 4 wt — — — ¢, }. 
Ox n=0 Sa 


In this equation X, is a function of x. S,, the speed of propagation of 
the nth harmonic, and ¢,, the phase angle, are parameters which may 
depend on 2. 

From (8) we derive: 


an 


xsi (“ +6 ) 
n sin nm — " 
Sn 


y (= ) 
— X, cos n 5% 


It may appear that the substitution of these values in (7) should 
give two equations for determining a single variable X,, but actually 
the same equation results in each case as may be verified by substitu- 


bn 
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tion. This form of solution is therefore consistent with the equations 
and satisfies the boundary conditions. 
By substituting (9) in the first equation of (7) we obtain: 


¥. 6 (= + \+-" vg (* de)? 
or Dn Sf n Sin = + bn)(d) 


So 


Mwn x (= r ) 4 
— n COS nl — a) = Ag. 
So? S , 


(5”) 





(7’) 





n 


(7) 
The key to the solution of (7’) may be found in the physical inter- 


pretation of the equation. A, is the coefficient of all product terms in 
cos nwt which appear in the expansion of 1/7(1+0F/dx)~. In general 
such terms are the product of terms having other frequencies. Since, 
therefore, the coefficient of any harmonic is dependent on the magni- 
tudes of other harmonics, there will in general be a transfer of energy 
among the different frequency components during propagation. There 
are two causes acting to produce this transfer. First, the pressure 
changes due to the sinusoidal variations in density associated with any 
frequency component contain higher harmonics which tend to convert 
the energy from lower frequency components to higher frequency com- 
ponents. Second the interaction of the harmonics already established 
tends to convert energy into components of other frequencies, the new 
frequencies being chiefly the sum and difference of the two interacting 
frequencies. The second effect is found in general to assist the first in 
transferring energy from lower to higher frequency components. The 
effect of this transfer is counteracted by the effect of viscosity which is 
to attenuate the higher frequency components more than the lower. 
tion of There must always be a relation between the amplitudes of the har- 
-h may monics which fulfils the conditions for stability. This relation determines 
what may be called a stable wave form. Any wave will tend in its pro- 
gress to assume a stable form. Conditions for stability, however, must 
depend on the intensity of the sound since the energy transfer effect is 
not linear. Hence the stable form is not permanent but will change 
(9) gradually as the intensity of the wave diminishes. For infinitesimal 
waves, the energy transfer effect disappears and the stable wave form 
is sinusoidal. 
This interpretation suggests that the amplitudes of the harmonic 


b,, for 
mines 
uation 


d con- 
nds to 
in the 


eS 


(8) 


should components consist of a series of exponential terms. It is found that 
a such an assumption leads to a solution of equation (7’). 
ibstitu- 


The general method followed is to let: 
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Xn = 6 **2(Ka + Kuso? + Ky.se-* + ---) 
m= 


= e7 (naz > Kn  ., max 


m=1 


(10) 


Using this form for X,, the integration in the second term of (7’) may 
be performed giving an algebraic equation which comprises two infinite 
series. Equating terms having the same attenuation constant results in 
a series of simple algebraic equations which determine the constant 
coefficients of (10). 

The generai form of equation (7’) for the mth term of the mth harmonic 
may be written: 


Kn .me7*** sin n(Bx + dnim) + 





na” : 

= ehaz i sin n(Bx + $n.m) (dx)? 
0 

nMw 


So? 





cos n(Bx + dn.m) (7"’) 


= Cy. me" cos n(Bx + Wn.m)-. 


In this equation, K,.,» is the constant in the coefficient of the mth 
term of the mth harmonic as indicated in (10), and ha is the attenuation 
constant of the term. 

From (10), s=n+2m—2. 


The speed of propagation, S, may differ for different terms but, as 
will be shown, the difference between S and S» is negligible. 

$n -m is simply the phase angle for the term. 

The right hand side of the equation is the sum of all the terms of A, 
as defined in (5’’) which have fa for an attenuation constant. It will be 
seen that each of these terms will have the form: 


Cye—"** cos n(Bx + ogy). 


The sum of the terms can therefore be expressed as in (7’’). It should be 
noted here that although A, is inherently an infinite series, that part of 
A, which is involved in the mth term of the mth harmonic is a finite 
series provided m and n are finite. Moreover, if these equations are 
solved in the proper order (according to ascending values of /) Ca-m 
and X,,.m depend only on known quantities, hence the solution of simul- 
taneous equations is not required. 
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The equation for the first term of the fundamental is obtained from 
(7) when we let m=1 and n=1. For this case, h=n+2m—2=1. 
Since no product term can have a value of # which is less than 2, C,.,=0. 
We may let ¢:.1=0 without loss of generality. The equation is then: 


9) 


: 2 Pe Mw 
K, :e~*"| sin Bx + e* ff e~** sin Bx(dx)? — — cos Bx | = 0. 
So? So? 





K,., is, of course, arbitrary, hence this equation may be used to deter- 
mine @ and 8B. 
Since 


1 
a ff e~** sin Bx(dx)? = @ aa | - (82 — a?) sin Bx + 2Ba cos az, 


We have 


oe @- a), 
So? (6? + a*)? 

and 
w* 2Ba Mw 


So? (B? oe a)? So2 


Solving for a and £ gives: 


w _— 6 
a = —v cos 0 sin >" 


So 
w Y 6 
B = — = —v/cos @ cos — » 
a So 2 
where 
Mw 
tan@ = —-- 
So? 
Hence 
0 
S= 


= So/sec @ sec ~~ 


For frequencies in the audible range, @ is small and these relations may 
be simplified. If, for instance, we assume an upper frequency limit f= 
16,000~, w= approx. 10°. M is numerically about 1/5 and S,? about 
10° (c.g.s. units). 

Hence the maximum value for tan @ is about 2X10- and very ap- 
proximately : 
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1 Mo? 
a=— = say 2.7w? X 107", 
2 Sé 


0° 





= = say 2.70 X 10-5, 


0 
and 
S = So. 


The fact that S may be considered constant leads to a new concep- 
tion of the velocity of sound which is discussed below. In order to justify 
this fact more fully, it seems desirable to find the maximum frequency 
for which the approximation S =, is valid. From the exact expression 
for S above may be derived: 


S = Soll + 727 +---). 


If we assume arbitrarily that 362/8 <10-*, then @<1.63 X10- and the 
frequency, So? M6/27, may be nearly 2 X10® cycles per second without 
an increase in S greater than 1 part in 10°. 

Since a/8 =approx. Mw/2S;?=say wX10-", terms in a?/6? may be 
neglected without appreciabile effect on results. 

This permits a simplification in the integral term of the general equa- 
tion. Since, 


e haz 
e~hez sin nBx(dx)? = approx. 





2he 
(- sin Bx + —— cos nse), 
np 


wn? 


So? 





0 rae sin nBx(dx)? = approx. ete sin nBx 


Hence the general approximate equation derived from (7’) is: 


K . —( h ) (= — ) 
n.me hat ——n)cosn — — 
So? nN So 


= Cy at ™** cos (= + am) 
0 


So? n | 
Kun _ —( ) Cn (11) 
Mwaw\h — n? 





or 
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and 

Pa.m — Dies 
where 


h=n-+ 2m — 2. 


For a complete solution of this problem under the specified conditions 
it is required that any periodic motion may be assumed at any place in 
the medium. It is therefore essential that the Fourier series which ex- 
presses the motion shall contain an arbitrary coefficient and an arbitrary 
phase angle in each frequency term. 

In equation (11) it is seen that K,,. m takes the form 0/0 (and is there- 
fore arbitrary) if C,.m=0 when h=n?. This relation is found to hold. 
Hence the term in the mth harmonic for which h =n? is arbitrary both in 
magnitude and phase as required. Since h=n+2m—2, the arbitrary 
terms are: 


Ki, Ke.2, K3.4, Ka.7, Ko5.11 ete. 
It remains to determine C,,. m and Wp. m. 
C,,.m 1s the constant in the coefficient of those terms of A, which have 


the attenuation factor e~'«* (see equation (12) below). A, is the coeffi- 
cient of all terms in cos nwt in the series 


€ + “\(=) y¥+Dvt+ (=) 
ce en ome I op 
2! Ox 3! Ox 





Finally, 
OF = WX 
—=a— Xz sin nw aller “cena 6s), (9’) 
Ox n=1 So 
where 
X, = e- (r-2az > Kn.me-2"*, (10) 
m=1 


A, may be expressed thus: 


a. Wx 
An = )-Ca.me-*** cos (= + an), (12) 
m=1 0 


where 


h=n+ 2m — 2. 
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The exact expression for C,,.,, in the form of a finite series may be 
found from these equations. Also, y,, . » is determined. Hence from equa- 
tions (9’), (10), (11), and (12) a general expression for dF /dx may be ob- 
tained in terms of the arbitrary K,,.,, terms defined above. The result 
will be in the form of an infinite series (9’) whose coefficients are also 
infinite series (10), but for most actual problems both sets of series con- 
verge fairly rapidly. 

The evaluation of C,.m is simplified by assuming that it is only the 
square of the periodic terms of 0F/dx which can have an appreciable 
effect on the magnitude of C,,.». The justification for this assumption 
depends on the fact that the constant coefficients K,,., are small with 
respect to unity even for waves of very large amplitude. The exact ex- 
pression for C,,.m depends on a finite series which may be represented 
by: 

(E* 4+ + --- 4+ 2), 
where K represents any term involving K,.». Evidently, if K<1, the 
value of the series depends practically entirely on the term in A®. Fur- 


thermore, that part of a) (equation (9’)) which is involved in the deter- 
mination of C,,.» depends on an expression of the form: 


(K?+K*+---). 


Hence terms in a,” or Kap are negligible and a» will have no effect in 
determining C,.m. We then have: 


y 41 MX r=0 r=n—1 
A, = ( : ) cos =| XX intr) — 4 ay 


0 r=1 r=1 





where 
X, e~raz/K, 4 + K,.2¢~*** + K,.3e°** + --:- |, 
X (n+r) = e(ntrer| K ni + K (nr) 2672” 4+... |, 


A eed = e~ (nner! K nny + K 0) 20° + ae :, 


The phase angle, ¢, is omitted as it is an arbitrary constant independ- 
ent of 7 in the solution for the stable wave. In the general solution it 
appears to be simpler to solve separately for quadrature components 
than to retain ¢, explicitly. 

On this basis, 

a =. 


A, = cos — >Ca.me*?, 


0 m=1 
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where h=n+2m—2. 
Hence 





r=1 


= Y + 1 r=0 r=n—1 
>Ca.me _ ( D ) | pe A a is 2 zz XXeen | 
m=1 r=1 


The constant coefficient of the first term of any harmonic, K,.1 is 
readily determined. The exponential term is e-"@7 (i.e. h=n). 

The series }\;-; X, Xn, yields no terms in e~"@? since here the smallest 
attenuation constant is (v+1)a. Hence C,, ., depends on the series—1/2 
bape oe 


For m= 2,Co1 = — $Ky.;? 
y= 3, C31 = — 3(K1.2° Ke. + Ke.1: Ki.2) 
n=4,C4, = — 3(K1.3:K3.1 + Kes? + K3.1K 1.3) 


Hence (11) 


K -—( 1 yee af 
ve t= a 2 




















or 
Kou _ Soy + 1) Kia 
Kia 4Mw 
” ~( 1 \" + 1) (- 2 Ki.2: K2.1) 
K3.1 ee 
Mw\1 — 3 2 2 
or 
K3.1 - [= + ll 
Kia 4Mw j 
" —-( 1 \e + 1) (— 2Ki.s- Ks. — Ke.1") 
Kau - - 
Mw\1i — 4 2 2 
or 








Kai a \— + al 
Kia 4Mw | 


and in general 


Bu. Sot(y + 1)Ky. 
- = H™, where H = Sey + Dia 
Kia 4Mw 
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Obviously, if H>1, K,.1 approaches infinity as m increases. Hence H 
must be less than 1 and, 


4Mw 

Kia 5 mee 
So(y + 1) 
For audible frequencies K,.1:< say 10-‘, and in general K,.m will be 
less than K,.;. Hence the approximation based on the fact that K<1 
is justified except for very high frequencies at very large amplitudes. 

Terms in K? are not negligible in the general equation on account of 
the large coefficient S,?/Mw. 

To determine the second term of the fundamental, C;.2 is to be 
found. There being no subharmonics C;.2 must be derived from 


r=0 








2, Rikine 
r=1 
For this term / =3, hence 
(y¥+1) _ : 
Ci.2 ye ee Ky: Kou 
2 
From (10) 
So? n 
Ki. = ( Vex 
Mow\h — n? 
So? (y+1) _ 1 ; 
= te Kia (<—)ke 
Mw 2 3-1 
or 
Ky. 
— ed 
Kia 


Ce.2 = Kinks. — $(Ki.1K1.2 + Ky 2K 11) = 0. 


Hence (10) gives: 


which represents an arbitrary value as explained above. 
Up to this point the solution is general and all coefficients have de- 
pended on the arbitrary coefficient K,.;. Subsequent coefficients will 


[Oct., 


nce H 


vill be 
K<i 
des. 

unt of 


to be 


ive de- 


ts will 


1931] R. D. FAY 235 


depend also on K2.2 which is arbitrary both in magnitude and phase. 
This term may be resolved into quadrature components, one of which 
goes through zero with the fundamental, and a general solution may be 
obtained to any required number of terms in the manner indicated 
above. 

We are, however, primarily interested in finding the solution for the 
particular case of stable wave form. Therefore no attempt is made here 
to evaluate the general solution but the stable wave case will be in- 
vestigated. 

If we let Kz ..=0, it is found that K,, ..=0 if m22, that is to say the 
second term in each harmonic (except the fundamental) is zero. 

Also: 


K1.3 
— = TT4 
Kia 
Ko.s 
—— = HT5 
Kia 

and K,.3;=0 if n23. 

Furthermore, 
Ki.4 
——— = I’ 
Ki 

and Ko.4=0 


This brings us to K3;.s which is an arbitrary coefficient since h=n?. 

If K;.4=0, subsequent terms become irregular, with numerical coef- 
ficients which tend to become large, but if we let K;.4=H*, K,.4=0 if 
Gn24. 

It will be seen in general that K,..=G-H*?*? ("YP =G -H™, 

In the derivation so far G has been either unity or zero. 

It has been found that if we choose the arbitrary terms such that 
=(0 for even harmonics and G =1 for odd harmonics: 


Kn.m 
—— = H]"""' when m — 1 is a multiple of x. 
Kia 

For all other terms K,,.»=0. 


There appears to be no doubt that this represents the “stable” wave 
case. 

For the stable case, the values of K,.m/Ki.1 may be represented in 
tabular form, thus: 
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1 2 3 4 § 6 7 nN 
1 H HH? H® Ht HS He 
HH 0 0 0 0 0 0 
Ht He 0 0 0 0 0 
He 0 H® 0 0 0 0 
H Hw 0 HH" 0 0. 0 
H® 0 0 0 #A* 0 0 
H® H® HM 9 0 A 0 


NI nO on FSF WA NH 


m 
The expression for X, from (10) is then: 
Ky; .,e7*7(1 + H%e-*t + Hte-4ez +. - - +), 
Let H = e-™ 
Then 1+ H? ee74+ .... 


= 1 os e 2 (aotaz) a e 4 (aotazr) - re 


1 


Je(aotaz) 
Hence 
2Ki.1e% 8Mw 1 
sinh (ap + ax) > So2(y + 1) sinh (ap + ax) , 
In like manner it is found that: 
F 8Mw 1 
ne Soy + 1) sinh n(a@q + ax) . 


Hence from (9) the periodic terms of the solution for stable wave form 


are given by: 
WX 
sin ic - =) 
= So 


1 sinh (ag + ax) 


r 





2 
ll 


OF r 8Mw 
Ox So(y +1) 2 








(12) 


where 


4Mw 
a = in| | 
(y + 1)So?H1.1 





CT., 


form 


(12) 
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To find the excess pressure, we have (3’) 
OF (y+ Zé4) | 
——e fi ingial ‘<a 
, al ax +, war 


OF OF r 
—= + ao. 
Ox Ox 





where 


Since the mean pressure must be Pp in steady state, the terms in 


OF /dx—(1/2)(y+1)(0F/dx)?+ ... which are not periodic must add 
to zero. 





Hence 
(y + 1) ‘ 1 ( 8Mw y ames 
= — SS ———— Ss h?2 x ’ 13 
do . ao 2\Sv%y + 1) > csch? nm(ap + ax), (13) 


and p may be found from the periodic terms in (3). 
If the peak value of dF 7/0x does not exceed 10-*, the expression: 











(14) 


wx 
- au sin n( wt _ =) 
a v Mw "=~ 
y+1/ S.? p21 sinh n(ap + ax) 


is correct to about 1%. 
Taking P,)=10* bars, 
and y =1.4 

the peak value of p is 1.4 X10‘ bars which is well above the threshold of 
feeling. Hence (14) gives a close approximation to the stable form for 
any pressure wave within the audible range. Such a wave is represented 
by curves of p plotted as a function of x. The approximate value of the 
constants assumed for these curves are: 

Fundamental frequency =1000 c.p.s. 

Pressure amplitude of fundamental component = 10 bars when x =0. 
The first curve starts at « =0 and the second at x =50 kilometers. It ap- 
pears that the stable wave form for sounds of very moderate intensities 
is quite different from a sinusoid. 

It should be noted that the stable form for a given intensity depends 
on the frequency of the fundamental. This is obvious from equation (14) 
which shows that if the amplitude of the fundamental is held constant 
the amplitudes of the harmonics will be diminished by an increase in 
frequency. Hence the stable form for a sound wave of high frequency is 
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more nearly sinusoidal than that for a wave of the same intensity at 
lower frequency. 
The particle velocity may be found from: 
Oy OF 
v= _—_—- => 
ot ot 
Since, however, the amplitudes of the components in the series 


OF /dx do not vary appreciably in a wave length, it is sufficiently accu- 
rate to use the approximation: 


p —4ars 


Typical Stable Wave Form. 





OF OF 
— = — §) , 
ot Ox 
or 
OF 
v = So ee ie 
Ox 


For the range of intensities in which (@F/dx)* may be neglected, p/v= 
vP o/So=po So which is, of course, the ratio found in waves of infini- 
tesimal amplitudes. 

It is seen from the expression for v that the coefficient K,., is the 
ratio between particle velocity and propagation velocity. Thus, if 
V,,.m is the amplitude of the velocity due to the mth term of the nth 
harmonic, Ky.m=Vn.m/So. See (9) and (10). 
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The curves shown on preceeding page also represent the shape of the 
velocity wave since velocity is proportional to excess pressure in the 
amplitude range represented. 

It may be noted that the shape of these waves is entirely consistent 
with the equation of motion (2). If this equation is multiplied by v, we 
obtain an expression for the conservation of energy in an elementary 
volume, and it is seen that the rate at which energy is dissipated in this 
volume by viscous action is: 


Evidently if there is a linear velocity gradient, 0°v/dx?=0 and there is 
no viscous loss. Hence those parts of a wave which consist of straight 
lines will have no attenuation, and in general the change in type will in- 
volve a flattening of curves into nearly straight lines. 

Before discussing the results it seems desirable to discuss briefly the 
fundamental equations on which the analysis is based. 

These equations, (1) and (2) are statements respectively of conser- 
vation of matter and conservation of energy. The first is an exact state- 
ment requiring no comment. The second involves any dissipative losses 
which may exist. In addition to the pure viscous loss there may, accord- 
ing to some authorities, be a loss due to thermal conduction between 
different parts of the wave. If such a loss does in fact exist, the effect on 
the results is equivalent simply to a change in the magnitude of the 
coefficient of viscosity which in no way affects the nature of the results. 
It seems, however, that such a loss does not exist since the same mech- 
anism is involved in conducting heat as in transmitting sound, i.e. 
molecular collisions, implying that the volumetric changes take place 
strictly adiabatically. 

There is also a secondary effect which should be mentioned even 
though it appears to be of neglibible magnitude. Any viscous loss must 
tend to raise the mean temperature of the volume of air in which it oc- 
curs. This temperature increase will persist as long as the sound wave 
continues unless the heat is dissipated. Since the temperature gradient 
is very small there can be practically no conduction of heat, hence if 
thermal equilibrium is established the heat must be dissipated by ra- 
diation. It is beyond the scope of this analysis to calculate what tem- 
perature rise at each plane is necessary to produce thermal equilibrium. 
The question is purely academic because in any practical case the 
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energy to be dissipated is extremely small and the effect would be com- 
pletely masked by a number of other factors. 

There are some interesting conclusions to be drawn from the fact that 
S, the velocity of phase propagation in terms of x, is substantially con- 
stant. Physically, this means that the time required for any harmonic 
component to travel from one particle to another depends only on the 
initial conditions in the medium. It is seen, therefore, that a harmonic 
component plotted against x undergoes no distortion due to the pres- 
ence of other components. Moreover, the mean velocity of propaga- 
tion in space (i.e. measured in terms of y) will be increased if the mean 
specific volume increases. This may account for the abnormally high 
velocities of propagation which have been measured at high frequencies. 
Without a complete solution it is impossible to find accurately the mag- 
nitude of such an increase; at a rough estimate it may be 1/10% for an 
intense sound at 10° cycles per second. 

If a general solution in terms of arbitrary coefficients were available 
it would evidently be possible to determine the coefficients in such man- 
ner that all components above the fundamental would be zero at some 
particular value of x, say xo. This represents the case of a sinusoidal 
source at x». Such a wave will evidently change its form taking on a saw 
tooth shape. Eventually, however, as the wave becomes infinitesimal, 
it will resume the sinusoidal form. Without the general solution it is 
impossible to estimate the magnitude of these changes or the rapidity 
with which they take place. It is seen, however, that it is possible to 
have a source emitting a pure tone at a frequency below audibility 
which will become audible at a distance on account of the harmonics 
which build up. 

It appears to be possible also to have the effect of subharmonics. For 
this phenomenon the arbitrary constants are determined so as to sup- 
press the fundamental at the source. This will be impossible if the value 
of any arbitrary coefficients in this determination is imaginary. 

The most startling result of this analysis is the fact that the change 
in amplitude of any component even for moderate intensities depends 
far more on the energy transfer effect than on viscous attenuation. As 
an example, consider the fundamental component of a stable wave to 
have an amplitude of 100 bars and a frequency of 1000 cycles. For this 
component the actual attenuation constant is twenty times that due to 
direct viscous action. For a sinusoidal wave, or for lower frequencies, 
this effect is even more pronounced. In many cases, the amplitudes of 
the higher harmonics will increase during propagation. In general, for 
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waves of finite amplitudes, the direct viscous attenuation is completely 
masked by the energy transfer effect. 

In conclusion, it should be noted that the main results of this analysis 
should hold for transient conditions as well as steady state since it is 


only small changes in mean temperature and mean density which 
build up with time. 








ORGAN PIPES* 


By Leste N. LEET 


Aeolian Company, New York 


In order that a discussion of the pipes of the organ may be more 
clearly understood, an explanation of the development of the instru- 
ment itself appears to be called for. 

The organ developed from the pan pipes or small bundle of open ended 
reeds stuck together with wax and blown by the mouth, similar to the 
manner in which a small boy produces a noise by blowing across the 
end of a bottle. The various lengths of the pipes changed the pitch and 
what was regarded as music was produced. 





























Fic. 1. Front View and Section of Probable Primitive Pipe. 


At some later date, the pipes were fastened onto a box which was 
filled with air by the mouth of the performer, or perhaps an assistant, 
and those tones not wanted were stopped off with the fingers. Owing to 
the fact that only one note at a time was wanted, due largely to the 
music of the times, the compass of the instrument, and therefore the 
number of pipes, had to be kept to a number that could be stopped with 
the finger tips and allow only one to blow. Later, probably due to the 
influence of the bag pipe, a separate container made of a skin of some 
type was used as a bellows and small slides were added beneath the 
feet of the pipes to control the admission of wind instead of the more 


* Copyright 1931 by Leslie Leet. 
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primitive arrangement of covering either the tops or mouths of the pipe 
with the finger tips. 

The earlier pipes mounted on such a type of organ were undoubtedly 
cylindrical similar to the example in Figure I and, since very limited 





Fic. 2. Manual Keys at Halberstadt 1361 A.D. 


means were available for regulating the flow of wind through the foot of 
the pipe or for controlling the pressure in the bellows, the music pro- 
duced undoubtedly had a very unique flavor. 

Immediately prior to or about the dawn of the tenth century, con- 
siderable improvement was made in the valves that admitted the wind 





Fic. 3. Ancient Organ With Two Pipes for Each Key Sounding Fifths. 


into the pipes and crude keys which were struck with the fist were added 
to the organ, the organist being known as an “organ thumper,”—(Fig. 
2). The addition of slides or keys to the instrument naturally freed the 
performer from the limited compass previously maintained and pipes 
were added to extend the compass both higher and lower in the musical 
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scale. About this time the need for more power was felt and organs ap- 
peared with more than one pipe for each key. Probably owing to the 
very small amount of wind available, these additional pipes were not the 
same size as the first but were smaller pipes sounding the octave or the {| 
fifth. Later other harmonic intervals came into use. These pipes, being 
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Fic. 4. Typical Pipes: 

A—Diapason 
B—Stopped Wodd Pipe 
C—Trumpet 
D—Enlarged Section of Trumpet 

A—Stem of Resonator 

B—Tuning Wire (movable) 

C—Shallot 

D—W ooden Wedge Holding Tongue 

E—Block 

F—Boot 

G—Tongue 
E—Stop per for Metal Pipe 
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ns ap- much smaller, did not consume a large amount of wind and, due to their 


to the higher pitch, probably furnished a tone of a shrill variety in quantity 

ot the enough to satisfy the requirements of the day. (Fig. 3). 

orthe | Along in the latter part of the 13th century or the early 14th, the only 
being type pipes used in the organ were those of the open type, these pipes cor- 


responding more nearly to what we call our Diapason today than any- 
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Fic. 5. Modern Four Manual Draw Knob Console. 


thing else,—(A in Fig. 4). At about this time, however, the stopped pipe 
was discovered and a complete new family of tone was added to the 
organ, (B and E, Fig. 4). Just before this period, a mechanism consisting 
of a slide which stopped off certain rows of the additional pipes attached 
to each key came into use. By the use of these slides, the organist was 
able in some degree to vary the power of his instrument and also, to 
some extent, the quality. Shortly afterward, reed pipes (C Fig. 4) came 
into use along with many softer voices of the flue family. 

With this increase in the tonal resources of the organ, whether due to 
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the fact that the performers of the day felt the necessity for some easily 
obtained method of going from a soft combination of voices to a louder 
one, or vice versa, or due to a desire to play a melody on a loud voice and 
the accompaniment on a softer one, or on voices of different qualities, a 
second row of keys was added to the instrument. Later, as the manual 
keyboards became extended and huge pipes came into use, the size of 
the valves required rendered it almost impossible to perform anything 
but the slowest type of music, so that, in 1361 in Germany, a series of 
levers or keys operated by the feet were attached to the organ. At first, 
these merely pulled down the lowest keys of the manuals, although later 
they were equipped with their own independent pipes and divorced 
from the manual keyboards. From this point the modern organ has 
grown to an instrument of practically any number of keyboards, there 
now being in existence in this country an organ of seven manuals and a 
pedal keyboard. (Fig. 5) 








Fic. 6. Tones Possible From One Organ Key (middle C) (see list with figure). 
A—Position on Staff of Key Held 
B—Tones Sounded by Pipes Controlled by Key 


Tone Name of register of organ Speaking length of longest 
pipe in stop 

1 cL 65 D.V. Contra Sub Octave 32’ 

2 G im * Sub Octave 106’ 

3 G 194 “ Sub Quint 10 2/3’ 

4 c | inl Unison 8’ 

5 € a 6° Third (rarely used) 6 2/5’ 

6 g 388 =“ Quint 5 1/3’ 

7 c’ sy C* Octave 4’ 

8 e’ 647 Tenth 3 1/5’ 

9 g’ 76 «=* Twelfth 2 2/3’ 
10 c? 1035“ Fifteenth 2 
11 e? 1793 = * Tierce 13/5’ 
12 g? 1552 “ Larigot 11/3’ 
13 1811 “ Septieme 11/7’ 
14 <3 2069“ Twenty-second 1’ 


In large organ even higher pitched pipes are added by “mixture stops. 
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The modern organ is, generally speaking, a complete organ for each 
keyboard and each of these individual organs when played alone should 
have a satisfactory ensemble, although they should also have an in- 
dividual character. Every manual on a large complete instrument has 
sets of pipes speaking one octave below the unison pitch, while a few 
organs have stops speaking two octaves below the unison pitch. In addi- 





Fic. 7. Phantom View Typical Organ Blower. 


tion to many sets of pipes sounding the unison, there are usually stops 
sounding the octave above, frequently those sounding two octaves 
above, and, in larger instruments, stops sounding all the harmonic inter- 
vals in between. To explain this point, it is possible, while holding middle 
C key on an organ keyboard, to simultaneously sound pipes speaking 
2’ C pitch approximately 259*DV, the true pitch of that key, and with 


* All vibration numbers are based on A435 for reference purposes although the modern 
organ is tuned to A440 DV or C523.3. 
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the pipes sounding this fundamental tone can also be sounded pipes 
speaking the octave below and also the second octave below. It is not 
unusual to find pipes, from the same key, also sounding the fourth below 
or G 194, the G above, 388, and the first C above, 517. From there on, 
practically all the harmonics are sounded and, on an organ recently 
built in Germany, D three octaves above the Middle C key we are hold- 
ing could also be played. While at first thought this would make terrible 
tonal confusion, if the organ has been properly designed from a tonal 
standpoint, each of these supplementary pitches to the unison con- 
tributes but a background to the true pitch tone and enriches it, so 
that the characteristic effect of a fine organ ensemble is obtained, — 
(Fig. 6). 

The organ of today, almost needless to say, is usually electrically 
blown,—a centrifugal fan directly attached to a motor shaft compressing 
the wind required to any pressure desired,—(Fig. 7). Generally speak- 
ing, 4 or 5 inches of water are considered low pressures and a pressure of 
25 or 30 inches of water is considered quite high, although sets of pipes 
have been made and are sounding in this country, as well as abroad, on 
50 inches,—and the writer has heard one set of pipes on 100 inches 
pressure. It is a rather controversial point as to whether or not these high 
pressures are required, since while above 30 inches there may be a slight 
increase in the power, the usual types of organ pipes suffer in their inton- 
ation when this great power is reached, and the increase in tonal 
strength is not proportionate to the power required to furnish the pres- 
sure. 

When the key of the organ is depressed, its sole function is to close a 
tiny electric gang switch located beneath that key. From the contact 
block that forms the lower member, a cable carries the low voltage cur- 
rent employed (usually about ten volts) to larger gang switches that 
permit the connecting of the manuals to each other at various pitches, 
as well as the manuals to themselves at octaves. 

From these coupler switches the impulses are conveyed to the magnets 
located in the wind chests and from there on pneumatic movements of 
small size operate the valves under each pipe—(Fig. 8). 

With this brief outline of the organ structure, we now pass onto the 
pipes themselves: Organ pipes are divided into two general classes, flue 
and reed. The flue pipe corresponds to the penny whistle and the reed 
pipe to the toy trumpet. 

The flue pipes are used to produce diapason (pure organ), flute and 
string tones. The reed pipes are used to produce tones similar in char- 
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acter to the brass and reed type of wood-wind instruments of the 
orchestra. Reed pipes also are used for the Vox Humana which is a set 
of pipes intended to simulate the effect of the human voice. There is no 
fixed ratio of flue to reed “stops” in an organ as the relative number 
varies widely according to the size of instrument and the purpose for 
which it is built. , 

Tone is produced in the flue pipe by a column of air entering through a 
hole at the toe, passing through the foot of the pipe, and finding its way 
from the foot of the pipe through the slit formed by the lanquid or 
partition across the pipe at the lower lip. (See A and B Fig. 4). This wind 
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Fic. 8. Diagrammatic View of Simple Electro-Pneumatic Action 


A—Contact Wires and Contact Under Key 
B—Key Return Spring 

C—One Set of Multiple Switch Members 
D—Low Voltage Generator (10 or 12 volts D.C.) 
E—Pipe 

F—Valve Return Spring 

G—Pipe Valve 

H—Air Channel to Magnet 

K—Magnet Pole Piece 

L—Magnet Base and Cap 
M—Armature—V alve 


passes as a sheet through the windway and impinges on the upper lip. 
When the upper and lower lip are in the correct relative position and the 
languid is at the proper height, a stable system of alternately spaced 
vortex filaments is formed, one on each side of the air stream as it leaves 
the slit. At a certain minimum blast pressure, impulses due to these 
vortices, constituting the “edge tone,” are of such a frequency that 
resonance is set up in the air column and the pipe speaks with its funda- 
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mental tone. By increasing the strength of the blast, either by the use of 
higher pressures or by employing larger openings at the toe, the harmon- 
ics of the pipe may be excited. It appears that, when the wind sheet 
strikes an edge, the space between the slit and the edge acts as a form 
of resonator. These parts are duplicated in the flue pipe by the windway 
and the upper lip. The length from slit to edge becomes equal to, or a 
remultiple of, the wave length between the successive vortices in the 
same row. According to Richardson the edge must bisect the two rows 
of vortices if tone is to be elicited. 

In the reed pipe the blast of air impinges on a tongue of metal which 
controls the blast of air entering the pipe body through the opening in 
the shallot. The shallot is a brass tube equipped with a polished flat 
face on which the tongue rests. (See C and D Fig. 4) The tongue and the 
pipe are tuned to the same fundamental frequency and, due to the fact 
that the harmonic overtones of the reed (called tongue above) do not 
coincide with the harmonic overtones of the pipe, they therefore do not 
materially affect the quality of the tone. The air blast sets the reed in 
vibration and puffs of air are admitted to the pipe which is thereby set 
into resonance. 

In both types of pipe it can be said that they represent a coupled 
system, that is, the initial tone is generated either as an edge tone at the 
mouth of the flue pipe, or by the tongue of the reed pipe, and in either 
case the initial tone is tightly coupled to the column of air in the pipe 
above. In the case of the flue the height of the mouth is regulated to 
produce some conformity to the scale of the enclosure of the column of 
air. 

It is possible to produce a tone from the parts forming the mouth of a 
flue pipe without the presence of the column of air—a fact noted by 
Masson in 1853 and Sondhaus in 1854—who produced these edge tones 
by a blast of air from a slit striking against an isolated sharp edge with- 
out the presence of a column of air. 

For certain types of tone, notably strings, which are very rich in 
harmonics, the pipe is overblown and the languid is so positioned that 
the pipe overblows to its first harmonic. By the use of a small obstruc- 
tion, usually a round piece of dowel placed in front of the mouth, the 
lamina of air flowing from the windway is so interfered with that the 
fundamental pitch is again restored. (Fig. 9) Owing to the fact, however, 
that the greater blast pressure has not been altered, the harmonics are 
still very predominant and, in o:gan building parlance, the pipe has a 
keen tone. 


ee -—- — 


i 


JICT., 
ise of 
mon- 
sheet 
form 
lway 
ora 
1 the 
rows 


vhich 
ng in 
1 flat 
d the 
e fact 
oO not 
oO not 
ed in 
Vy set 


upled 
at the 
either 
e pipe 
ed to 
mn of 


hofa 
ed by 
tones 
with- 


ich in 
1 that 
struc- 
h, the 
it the 
vever, 
cs are 
has a 





—$—$—_— ——_—— or el aS 


— is 


1931] LESLIE N. LEET 251 


An interesting fact about the reed pipe is that the tongue never com- 
pletely closes the shallot opening. In the case of large tongues, this has 
been very definitely proven and it is quite probable that it is equally 
true for the smaller sizes, although we hope to learn more on this later. 
Observation has shown that almost one fifth of the opening in the shallot 
is left uncovered. 

Organ builders, as a class, do not recognize organ pipes as a coupled 
system and explain the action of the pipe in a somewhat unscientific 
manner based on suppositions they hope may be true. Physicists, since 


Fic. 9. Section Through String Toned Pipe at Mouth 


Wachsmuth in 1904 who was the first to recognize the organ pipe as a 
coupled system, have been working along these lines and may eventu- 
ally enlighten us on many phenomena of the organ pipe which we do not 
understand at this time. 

The tone of a pipe can be controlled in three different ways: First, by 
the scale, that is, the relationship between the diameter and the length 
of the pipe. Throughout its compass, the tone can also be affected by the 
relative scale, that is, the consistency with which this first relationship 
between diameter and length is maintained. Practically all these com- 
ponents are determined by the organ builder from experience and past 
observations. As an example of a practical scale, the first pipe of the 73 
forming a Diapason stop, from which was taken the sample Diapason 
pipe, which is the pipe on the left end of the miniature demonstration 
organ (shown in Fig. 10), would be approximately 8’ long (not including 
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Fic. 10 Miniature Lecture Organ 
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the tapered foot) and 6” in pn The length, of course, halves on 
the octave, but the diameter halves on every 17th pipe throughout the 
compass. It has been determined that this “halving” maintains the right 
proportion between length and diameter in the treble portion of the 
stop to maintain the characteristic Diapason tone. Halving the stop 
sooner would produce narrower scales in the treble, of course, and like- 
wise a much more brilliant upper end than tenor and bass. The reverse, 
or halving farther up the scale, for instance on the 19th or 20th pipe, 
would decrease the harmonic structure of the upper notes and flutiness 
would result. 

The second manner in which the tone of a pipe can be controlled is in 
the material used and it is a deep question as to what extent slight 
changes in the material affect the tone of a pipe. It is possible, by proper 
scaling, to almost exactly reproduce the tone of a wooden pipe by a 
metal one when treated by a capable voicer. We have in the demonstra- 
tion organ an open metal pipe and a stopped wood pipe that were never 
intended to sound exactly alike and yet they show a great similarity in 
tone quality despite the theoretical differences between a stopped pipe 
and an open one, as well as between metal and wood. 

Most metal organ pipes are made from an alloy of tin and lead, usually 
cast by the builder and varying widely in the tin content. This cast 
metal, which is cast by the crudest imaginable method, is alloyed especi- 
ally for the tone it is expected to produce from the pipes into which it 
is incorporated. Organ builders generally feel that the addition of more 
tin produces a keener tone, which might be true. However, due to the 
fact that the additional strength imparted by tin in the alloy allows a 
thinner wall to be used, it is quite possible that such a thinner wall may 
be the controlling factor that has fostered this belief. Organ builders of 
repute usually consider material containing approximately 30% tin is 
ideal for flute and diapason toned pipes; strings on the other hand are 
rarely less than 45% tin, more usually 55%, and it is not uncommon, 
when an unusually keen tone is desired, to find as high a percentage as 
90% tin used. On the other hand, one of the country’s largest builders of 
considerable repute produces his diapasons from pipes that analysis 
discloses contain less than 5% tin, well stiffened with antimony, while 
the balance of the alloy is lead. This rather offsets the theory of tin con- 
tributing very much to the tone of the diapason family at least, since 
this particular builder enjoys a very satisfactory reputation with organ- 
ists who appear to be perfectly satisfied with his diapason work. The 
bases of practically all the metal stops are made of zinc, usually an- 
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nealed, with the languids and inserted lips of pipe metal similar to Fig. 
11,—(CC from the 8’ diapason stop). 

Cast sheet metal containing between 35% and 65% tin, cools with a 
spotted surface of striking appearance. This material, commonly used 
for string toned pipes, is referred to by organ builders as “spotted 
metal.” It is an indication of good quality metal if a pipe shows a 





Fic. 11. Largest Pipe From 8’ Diapason Stop (65 D.V.) 


spotted face, since the tin content must be between 35 to 65% to pro- 
duce such an effect. Whether or not the expense of this alloy is justified 
by results is worthy of comment. 

There is also used for the making of metal pipes a material known as 
Hoyt’s two ply metal which is produced by rolling rather than casting. 
This consists of a sheet of virgin lead, stiffened with a very small 
quantity of antimony, onto which a sheet of tin foil is rolled. The tin foil 
sheet gives the pipe a good appearance although adding practically 
nothing to its tonal value. After an experience of approximately 20 
years with this material, we at The Aeolian Company feel that it is 
capable of doing everything that metal in a pipe is required to do in an 
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organ. From this particular material we have been able to produce a 
string tone of such pungent character, employing the proper scale and 
lip treatment, as to be almost unusable in the organ. On the other hand, 
we have used it for our milder voices such as Diapasons, flutes, and stops 
of the kind, with entire satisfaction for many years. An analysis of the 
tone of a similarly scaled pipe made of spotted metal and one of this two 
ply metal discloses the fact that while theory may prove there is a differ- 
ence, the phonodeik does not recognize it nor does the ear. The writer 
realizes that this theory is at variance with results obtained in other 
fields, such as the flute, and that most organ builders would deny the 
truth of the same, but the fact still remains that, in the hands of cap- 
able voicing talent, the type of metal used in metal flue pipes is in reality 
far less important than it has been considered in the past. 

The third step in the control of the tone of the organ pipes is in the 
voicing which, in the case of flue pipes, consists of obtaining the correct 
mouth height and the proper shape of the upper lip, either straight or 
arched, as well as blunt, sharp or burnished. The width of the windway 
and the height of the languid also enters into this treatment as well as 
the size of the foot hole and, to some extent, the position of the lips. 
(See Fig. 4) In the voicers hands is also entrusted the nicking of the 
languid, the lower lip, or both, which results in a spreading of the 
lamina of air as it issues from the windway so the pipe speaks without 
an initial chirp of one of the harmonics. In the voicers hands is also the 
leathering of the lips when required to obtain a tone with less harmonic 
structure than would be obtained from a pipe without this padded 
upper lip. 

The voicing of the reed pipe almost entirely centers on the burnishing 
of the tongue itself to give it the proper curve so that, as it lies against 
the shallot opening and flattens under pressure, it will “unroll” and 
cover the opening without any kinks or sudden unbending. (See Fig. 4) 
The proper choice of a suitable thickness of tongue to be used also comes 
under this heading of voicing as well as whether or not a weight is used 
on the tip of the tongue. In fine organ building, a hard metal tongue, 
either brass or bronze, strikes against the polished brass face of the 
shallot. In cheaper organs, in order to save the necessity for burnishing 
to such an accurate curve which this brass to brass treatment requires, 
the face of the shallot is covered with leather, a procedure which saves 
the voicer many hours of struggle. Over a period of years, however, the 
leather deteriorates and the tone suffers. A fine voicer scorns the use of 
such shoddy materials and produces fine lasting results without any 
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such subterfuge. It is remarkable that a heavy tongue such as used on 
the shallot for a 32 foot Bombarde pipe (Fig. 12) will start practically 
without hesitation and produce resonance in a pipe 32 feet long on a 
pressure as mild as 15 inches of water. . 





Fic. 12. Shallot and Tongue From 32' CCCC Bombarde Pipe (16 D.V.) 


In the flue pipes, the pitch is governed practically entirely by the 
length of the resonant column of air. While in theory the pitch is ob- 
tained by the coupling of the edge tone at the mouth with the funda- 
mental frequency of the column of air in the tube, the fact of the matter 
is that the column of air, being by far the stronger damped component, 
it, in the main, governs the system. There is a certain amount of ac- 
commodation between pipe and edge tone. Whereas the edge tone may 
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be considerably pulled out of its natural period of vibration, in order to 
secure equality of period, the resonant tone of the column of air is 
only alterable to a very small extent. 

The width of mouth used on the various type of flue pipes is quite 
important, since a definite amount of area in the mouth must be pre- 
served. In order to obtain an edge tone that will produce the desired 
quality of tone from the pipe, different heights of mouths must be used, 
which heights are also influenced very strongly by the pressures used. 
In order to preserve the area of the mouth, pipes are built with the 
proper width so that the approximate area will be obtained when the 
correct height of mouth has been established. In the samples shown in 
the demonstration organ (see Fig. 10) the Diapason, the pipe on the 
extreme left, has a mouth 2/9ths of the circumference of the pipe. The 
Dolce Flute, which is the pipe beside it, has an arched mouth 1/5th of 
its circumference in width. The spotted metal string pipe, the third 
pipe from the left, has a mouth 1/6th of its circumference in width. 

The small metal additions beside the mouth on certain of the pipes 
are intended to steady the lamina of air as it issues from the windway 
and to control the vortices so that the entire wind sheet reachesthe upper 
lip. These “ears” are continued up the scale as far as is found necessary 
in voicing on each particular type of stop. 

Among the different types of flue pipes other than the Open Diapason 
which we have been using to explain the principle of the speech of the 
pipe, are the stopped pipes a sample of which is shown in section,— 
Fig. 4B. These pipes, being stopped, are of course very deficient in the 
even harmonics and overblow to their second overtone very readily. 
There is also a family of stops known as half stopped, of which the 
Chimney Flute is an example. (See Fig. 13 A) On the larger pipes, the 
chimney is turned in rather than out of the pipe to protect it from 
damage without making any appreciable difference in the tone. 

We also have the harmonic flute (see Fig. 13 B) which pipe has been 
pierced with a small hole at the node, causing the air column to vibrate 
in two parts rather than one. These pipes are not very successful in the 
lower part of the scale and organ builders are reluctant to carry this 
type of pipe much below 259DV, blending it into a nonharmonic pipe 
and completing the scale downward with that type. One of the reasons 
why organ builders may feel that it is not desirable to carry this type 
much lower down the scale than this is that every pipe would have to be 
twice its true length and equally expensive to make. We have carried 
this type of tone one octave below 259DV and found that it is worth- 
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while to do so, since there is a refreshing crispness in the tone of the 
pipes that are harmonic that is not present in the others. 

It is also possible to taper the bodies of the pipes similar to the ex- 
ample C in Figure 13 which is a Gemshorn pipe, with a diameter at the 
top of 1/3rd of the diameter at the mouth line. This is not the only 
taper, however, in use, as stops are commonly used with diameters at 





A B c 


Fic. 13. A—Chimney Flute Sounding B 244 D.V. 
B—Harmonic Flute Sounding c 517 D.V. (note the hole) 
C—Gemshorn Sounding f 345 D.V. 


the top of 1/4~-1/3 and 1/2 of the diameter at the mouth. Pipes have 
also been made, and at one time were quite common, with a greater 
diameter at the top than at the mouth. 

The examples on the small organ shown in Figure 10 are all 2’ C 
pipes sounding approximately 259 D.V. As we have stated above, their 
length halves on each octave going up the scale and doubles going down 
and their diameters increase in a fixed ratio depending on the type tone 
being obtained. The large metal pipe (see Fig. 11) is low C of a diapason 
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stop similar in character to the 2’ C on the*demonstration organ. The 
large wooden pipe (see Fig. 14 B) is the low C of a pedal open diapason 
made of wood one octave below the pitch of the metal pipe shown in 
Fig. 11. This is commonly the lowest tone in the average organ and, 
with the exception of the bassoon, is lower in pitch than any of the tones 



































Fic. 14. Pedai Organ Pipes: 
A—Bourdon 32’ CCCC (16 D.V.) 
B—Diapason 16’ CCC (32 D.V.) 
C—Violone 16’ CCC (32 D.V.) 
D—Bourdon 16’ CCC (32 DV.) 
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from the average orchestra, it sounding CCC of approximately 32 DY. 
A sharp contrast in tone of two open pipes of 16 foot pitch length will be 
noted if we sound 16’ C of the Violone (see Fig. 14 C) a string toned 
pipe differing entirely from the Diapason, Note the narrow scale and 
bearded mouth. The stopped pipe (see Fig. 14 D) sounds the same pitch 
although 1/2 the length and is the pedal stop commonly employed in 
smaller organs. The octave below this (see Fig. 14 A) is a pipe approxi- 
mately 18’ over all, which sounds 32’ C with approximately 16 DV. 

The Diapason tone as well as Violone and reeds is carried down to 32 
foot pitch in large organs and make an impressive bass for the instru- 
ment. Up to a year ago the only larger pipes than 32 foot were in an 
organ in Australia. Now, in the Atlantic City Auditorium organ, can be 
heard a set of pipes 64 feet long sounding a tone of 8 D.V. with credit- 
able effect. 

In the reed pipes the length of the resonator and the length of the 
tongue act as a coupled system to determine the pitch. In tuning the 
pipe usually the length of the tongue is altered by the use of the small 
wire, which is left adjustable for the purpose. (see Fig. 4) Inasmuch as 
serious changes in the tongue length also alter the power, tuning rolls 
to alter the length of the column of air in the resonator are also supplied 
in order that the equality of dynamic strength may be maintained when 
tuning. The tuning roll is seen near the top of the pipe in Fig. 4C. The 
scale of the resonator is very important in controlling the quality of tone 
from a reed pipe. Equally important, and probably more so, is the scale 
and type of the shallot and the opening in that shallot. We have in 
Figure 15 some samples of the different types of shallots employed in 
reed pipes showing the different openings in the faces and the different 
treatments of the heads of the shallot. 

The cutting back of the shallot to an angle similar to the example 
shown (see Fig. 15 E) adds a structure of harmonics of marked intensity 
to the tone. On the contrary, a shallot with an overlength such as that 
used on the French Horn (see Fig. 15 A) produces the exact opposite 
type of tone by removing some of the harmonics usually characteristic 
of any reed pipe. 

The few samples on the demonstration organ (Figure 10) show a wide 
variety in the shapes of resonators. The Trumpet, which is the char- 
acteristic reed of the organ, has an inverted conical resonator; beside 
it is the English Horn, and at the extreme right end is the French Horn. 
The small pipe on the tall foot is a Vox Humana, the tall foot being 
necessary due to the fact that the air column in the boot of normal 
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length is about the same size as the air column iri the resonator and tends 
to control the pitch of the pipe despite any alterations in the resonator 
itself. This is avoided by increasing the length of the foot. The resonator 
on the Vox Humana is approximately 1/8th of its true fundamental 
length although the shallot and tongue are of the correct size for the note 
which it is to sound. The particular sample, shown here without the 
tremolo, sounds just like a poor clarinet since the Vox Humana stop in 
the organ needs a good tremolo and the effect of distance to make the 
tone attractive. 





Fic. 15. Types of Shallots: 


A—“Sunk” type—Opening Does not Extend to Head 
B—Open Type 

C—Typical Trumpet 

D—French 

E—Open Type with Cut Back Head 


A tremolo is secured by the rapid opening and closing of a sizable 
valve connected to the pressure wind at some convenient point. The 
opening of this valve causes a slight drop in pressure in that part of the 
system to which it is connected. As soon as the valve closes the pressure 
is restored. When properly adjusted, this rapid fluctuation in the pres- 
sure produces a smooth, pleasing vibrato. 

The sample pipe with a brass resonator is an interesting pipe combin- 
ing as it does a flared bell with very hard pipe walls. Comparing it with 
the normal organ trumpet with a resonator of inverted conical shape, a 
marked difference in quality is noted although the wind pressure, shallot 
and tongue treatments are the same. 
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In addition to the normal trumpet type of cone, which is open at the 
top, it is not unusual to have reeds which are capped in a manner similar 
to the English Horn and French Horn, also a so-called “half-capped” 
pipe which has a cap soldered around 1/2 its circumference,—the bal- 
ance lifting up and down to regulate the amount of tone which is to 
escape from the pipe. It is possible to make a reed pipe speak with a 
resonator of only 1/2 the correct length and the tone is reasonably ac- 
ceptable, although it is not possible to produce an acceptable and power- 
ful tone by this means. 

For Tubas and other stops of the trumpet family on high pressures 
from which great power is required, it is not unusual to double the 
length of the resonator thereby smoothing out the tone. In some cases, 
resonators of four times their true length have been used,—the so-called 
“triple harmonic” pipes resulting in great smoothness combined with 
great power. The clarinet tone in the organ is produced with a cylindrical 
resonator similar to the Vox Humana but open at the top and the re- 
sonator is about 1/2 of its true length. 

In this paper we have tried to discuss the more characteristic pipes 
of the organ and trust that this brief introduction to the subject may be 
sufficient to interest other research workers into ascertaining the under- 
lying causes of why pipes behave as they do. At the present time 
we know a little about flue pipes, why they speak, and why certain 
changes in their construction influences the tone. While much is yet to 
be learned regarding the flues, the action of the reed pipes is barely 
understood and the need for intelligent research should appeal to many 
of the Society. 
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THEORY OF SUPERSONIC INTERFEROMETERS* 


By W. D. HERSHBERGER 
Associate Physicist, Signal Corps Labs., Fort Monmouth, New Jersey 


ABSTRACT 


The theory of the supersonic interferometer is developed by deriving an expression for the 
impedance of the mechanical system to which the instrument may be reduced. The impe- 
dance is found to be a function of the crystal constants, frequency, length of fluid column, 
acoustic resistance of the medium, and sound absorption in it. The principal features of the 
behavior of the device are thereby explained and its possible usefulness in the measurement of 
sound absorption coefficients pointed out. 


Within the last few years many researches employing supersonic in- 
terferometers have been reported. (1) The instrument has been used to 
measure the velocity of sound in gases, liquids, and solids with a high 
degree of precision. Pielemeier further reported determinations of the 
absorption of high frequency sound in gases, justifying his measure- 
ments by using a torsion vane method as a check. In reality, the device 
isa Kundt’s tube operated at such a high frequency that the waves may 
be considered as plane at sufficiently great distances from the source. 
The customary treatment (2) of the Kundt’s tube does not clearly re- 
veal the meaning of several interesting features of the behavior of the 
interferometer. The purpose of the present discussion is to explain a few 
of these features, as well as to indicate its possible usefulness in the 
measurement of sound absorption in a medium. 

For the sake of definiteness, let us confine our attention to an inter- 
ferometer employing a quartz plate which radiates sound into a gas. 
For our purposes we may replace the quartz plate by its equivalent pis- 
ton. 

Let 
m =the equivalent mass of the piston, 
r=its equivalent resistance. 
s=its equivalent stiffness, 
A =its equivalent area, 
x =the displacement of the radiating face from its equilibrium 
position at time /, 

* Published with permission of the War Department. 

1G. W. Pierce, Am. Acad. Proc. 60, 271 (1925); W. H. Pielemeier, Phys. Rev. 34, 1184 
(1929), 36, 1005 (1930); G. E. Thompson, Phys. Rev. 36, 77 (1930); C. D. Reid, Phys. Rev. 
35, 814 (1930) 37, 1147 (1931); Hubbard and Loomis, Phil. Mag. 5, 1177 (1928); Loomis and 


Hubbard, J.0.S.A. 17, 295 (1928); Klein and Hershberger, Phys. Rev. 37, 760 (1931). 
? I. B. Crandall, Theory of Vibrating Systems and Sound, Chap. III, Sec. 32. 
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F ,ei*' =the periodic driving force acting on the piston due to an im- 
pressed e.m.f. on its electrodes, 
a=the amplitude damping constant per unit path length, 
p =the density of the gas, 
c =the velocity of sound in the gas, 
y =distance measured from the piston where y =0 to the movable 
reflector where y=, 
£,=particle displacement in the medium due to a sound wave 
traveling from source to reflector, 
£,=particle displacement due to a sound wave traveling in the 
opposite direction. 
At the high frequencies encountered and for moderately long acoustic 
paths, it is unnecessary to consider more than one wave in each direc- 


tion, owing to absorption at these frequencies. 
Then 


£, = Eqe~aveie(t-ule) (1) 
and 


é, = Ege 2 2!) iw (ttule—o/a) (2) 


where £ and ¢ are to be determined from a knowledge of the conditions 
obtaining at the ends of the gas column. 
We assume a motion of the type 


x = xe. (3) 
At yt; 
& + & = 0. 


Hence, 


Xo 





fo pensar (5) 
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mé + rx + sx + Acp(é, — &,) = Foet*. (6) 


Equation (6) reduces to 





jwxge!?*Z = Fe’! (7) 
where , 
t- ogen 
3 = | (me — s/w) i r cL sep |. (8) 


Equation (8) may in turn be reduced to 








Z=Z,+2Z(l) (9) 
where 
Zo = j(mw — s/w) +r (10) 
and 
Z(l) = Aco| nae Re +; ol = |. (11) 
ete! + Je22l cosh + 1 ef! 4+ 2e2al cosh + 1 


Z, is the impedance of the piston itself considered apart from the radi- 
ation of sound, while Z(/) is the impedance arising from the reaction of 
the gas column on the piston. It will be observed that its reactive com- 
ponent periodically changes sign, while the resistive component is small 
when al is small. Z in equation (9) is the mechanical impedance of the 
piston and our interest centers in this impedance as a function of a, w, 
and /. 

Let the crystal be connected in a conventional tube circuit to control 
frequency. As the reflector is moved, there is a cyclic change in frequen- 
cy. In one instance, Pierce reports this change to be of the order of 1/700 
of 1%. This extremely small change is not to be confused with the 
change noted when the distance of an electrode from the crystal is 
varied. In this latter case, we not only alter the standing wave system 
in the vicinity of the crystal but effect a change in the electrical con- 
stants of the circuit. This change is small because Acp for a gas is rela- 
tively small, and the percentage error introduced by neglecting it is 
much less than errors involved in the measurement of wave lengths. 
Hence for our purposes, the crystal at all time oscillates with a fre- 
quency approximately given by 


wo? = s/m. (12) 
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It is possible to detect the minute changes in mechanical impedance 
introduced by changes in the position of the reflector in the gas only be- 
cause the reactances mw and s/w annul each other. However, if the crys- 
tal radiates sound into a liquid, Acp is relatively large, and it is not nec- 
essary to operate at its natural frequency. Thus, a circuit such as was 
employed by Klein and Hershberger may be used to drive the crystal 
at any one of a great number of frequencies. These conclusions were 
reached as a result of experiment. 

The absolute value of Z(/) is 


[e8a! — Jet! cos 26 + 1|'/? 











Z(l)| = Ac - 13 
| oP etal + 26" cos. + 1 ae 
The maximum value of |Z(l)| is reached when 
ny 
= n— (14) 


where m is any integer. The minimum value of |Z(/) | is reached when 
d 
l= (n+ })—- (15) 


In the circuit in which the crystal controls frequency, the tube is 
operated as a rectifier, and the rectified plate current, which depends on 
the length of the gas column, is a measure of the e.m.f. across the crystal. 
Large values of place current correspond to small values of e.m.f. and 
vice versa. When the reaction of the gas column is such as to impede the 
motion of the crystal to the greatest extent, we have a low e.m.f. across 
it as a result and a large value of plate current. This occurs when Z(I) 
reaches a maximum value. In other words, maxima in plate current 
should be observed when the gas column is an integral number of half 
wave lengths long, and minima when it is an integral odd number of 
quarter wave lengths long. Experiment and theory check on this 
point. 

In Fig. 1. absolute values of Z(1)/Z(l) max are plotted against @ for 
two different values of al. / is taken as large with respect to a wave 
length, so that al may be considered as constant for this distance. The 
maximum is extremely sharp and the minimum broad for the smaller 
value of al, while for the larger value this is not true. The former curve 
closely resembles the observed plate current curves. 
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It is possible to maintain the exciting e.m.f. on the crystal constant 
during a cycle of changes introduced by the motion of the reflector by 
means of a circuit described and used by Klein and Hershberger. Let us 
suppose that this condition has been met experimentally. By employing 
the first tube in this circuit as a thermionic voltmeter, we may measure 
AE the difference between the maximum and minimum values of E,, 
the e.m.f. generated on the grid electrode by the crystal’s motion. If we 
assume a linear relation between the exciting e.m.f. and Fo, and also be- 
tween X, and £,, then it may be shown that 


AE, erali(etale _ 1) 
— = —— (16) 





AE, — e@!2(etat — 1) 
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where AF, is measured for reflector position 1, 
and AE, is measured for reflector position /2, etc. 

Equation (16) may readily be reduced to a form suitable for computa- 
tion of a, but the results only serve to reveal that although we measure 
the voltage differences and lengths with a high degree of precision, we 
at best attain an extremely low order of accuracy in determinations 
of a. 

Another approach to the problem of absorption measurements is af- 
forded by utilizing the width of the 7, maxima curves somewhat after 
the manner in which the decrement of a tuned electrical circuit is de- 
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duced from the resonance curve. The curves of Fig. 1, show the influ- 
ence of different values of al on the general shape of the curves. Another 
formula for a may be obtained in which it is expressed in terms of the 
distance from the source and of the actual values of Z, (max.) and E, 
(min.) at that distance rather than in terms of the difference between 
them as in equation (16). All of the methods mentioned presuppose a 
knowledge of the relationships holding between the mechanical quan- 
tities involved and the e.m.f.’s. 
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ACOUSTIC INSULATION AND THE CANCELLATION 
EFFECT AT THE BASILAR MEMBRANE 


By A. G. POHLMAN 


Department of Anatomy, St. Louis University 


While the eye and the ear are physically dis-similar organs never- 
theless both react to the two components in the activating agent and 
may, therefore, be considered from the standpoint of their respective 
physiological adaptations. It is well known that the eye is a confusion 
type of organ with relatively slow reaction time (witness the movies). 
The ear, on the contrary, presents a definitely analytical mechanism 
of great rapidity in its responses and without appreciable lag. If a 
physicist were asked to discuss the eye, he would probably liken it toa 
camera. If however he were asked to devise an apparatus which might 
respond to the frequency range and with the sensitivity of the ear, 
he might bring up with something which looks as much like an ear as 
the electrical hookup which says “mamma” resembles a baby’s or a 
parrot’s talking machinery. 

Physically, an ideal ear might be one in which the medium for the 
response is similar to that conducting the stimulus, and where the per- 
ceptive apparatus would be placed in a position of reasonable quiet 
there to pass on the vibrations conducted to it under definite quantita- 
tive control. Let us see if a functional comparison between the more 
familiar eye and the less familiar ear may help us in a proper interpreta- 
tion. The following questions suggest themselves: 


1. Is there an acoustic insulation, comparable to a light-proofing of 
the eye, which places the end organ of audition under conditions of 
physiological quiet? 

2. Is there an intensity control in the ear comparable to the light 
and dark adaptation in the retina or to pupillary adjustments? 

3. Is there a filter effect in the ear against high-audio or ultra-audio 
frequencies which may be likened to a filter effect in the eye against 
ultra-violet light? 

4. Does the ear show a defense mechanism which places the end 
organ at rest and which is comparable to closing the eyes or turning the 
head away from an irritant source? 

The questions may be more readily answered in reversed order. 

4. Does the ear show a defense mechanism which places the end 
organ at rest and which is comparable to closing the eyes or turning 
the head away from an irritant source? 
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The answer is “No.” This means that the auditory apparatus is ex- 
posed day and night, asleep or awake, to all vibrations which pass into 
the external auditory canal. ; 

3. Is there a filter effect in the ear against high-audio or ultra-audio 
frequencies which may be likened to the filter effect in the eye against 
ultra-violet light? 

The answer is “no.” The response in the ear is essentially mechanical 
in character and not only does the absolute sensitivity fall as the fre- 
quency rises above 2048 Hertz but also under normal conditions a source 
for extremely high frequencies of sufficient power to come to the point 
of acoustic insult is conspicuously wanting. The filter effect in the eye 
media to ultra-violet light is, however, a physiological necessity. 

2a. Is there an intensity control in the ear comparable to the light 
and dark adaptation in the retina? 

The answer is “No”; so far as any evidence is available. 

2b. Is there an intensity control in the ear which may be likened to 
the pupillary adjustment in the eye? 

The answer is “No.” While some investigators feel that a contraction 
of the intrinsic muscles may damp down the response, there is no evi- 
dence that such damping is by more than a 5-10 db. factor which would 
offer practically no protection at all. In addition the muscles would 
fatigue on prolonged exposure. 

If neither the external ear nor the middle ear show any evidences of a 
control on the intensity of the signal delivered to the internal ear, then 
either a control of this nature is entirely wanting or it must be located 
in the internal ear itself. To discuss this problem intelligently we must 
go back into the history of the auditory apparatus. 

The auditory end organ is derived from the lining membrane of the 
primitive otocyst which is filled with liquid in all vertebrate forms and 
therefore explains why all of the neuro-epithelium developed from this 
source takes on the character of an immersion receptor. It will be 
remembered that neuro-epithelium acts as a functional transformer of 
stimuli into terms of nerve impulses. In the early stages of structural 
evolution all of these neuro-epithelial transformers were typically dis- 
placement organs. The cells were provided with brush-like endings 
which in turn were embedded in a semi-gelatinous membrane containing 
solid particles known as otoliths. The functional response was brought 
about through the displacements of the otoliths which affected the 
delicate ciliae through the otolithic membrane. If the otoliths are re- 
moved, then the displacement in the surrounding liquid is no longer 
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transmitted to the hair cells and a loss of function results. This con- 
dition holds for the older vestibular apparatus which takes care of the 
static-balancing sense. 

The cochlear end organ took on the pattern of the parent cells from 
which it was derived. This accounts for the cilae and also for the mem- 
brana tectoria which is to all intents and purposes an otolithic mem- 
brane minus the otoliths. The fact that auditory cells were developed 
from displacement-activation cells by no means proves that they them- 
selves respond in a similar manner. As the gradual evolution of the 
auditory end organ progressed it took on the form of a strip of cells in 
which the oldest portion appears to be located at the apex of the cochlea 
for reasons I cannot take up here. 

The development of an immersion end organ for the reception of air 
sounds, while it seemingly violates the conditions for an ideal ear, at 
least resulted in providing the perceptive apparatus with a reasonably 
quiet spot. Air vibrations are almost completely reflected back on a 
change of medium to water. And so as the animal form evolved, a trans- 
former was introduced which might match the impedance differences 
between the air and the liquid of the internal ear. This was accom- 
plished by a relatively large drum membrane connected with the 
stapes foot-plate applied to the liquid. This arrangement is somewhat 
similar to the pupil of the eye. If the acuity for hearing air sounds in a 
normal individual is compared with the acuity in an individual with 
normal perceptive apparatus but in whom the drum membrane and 
outer ossicles have been removed, the difference in the intensity re- 
quired to hear may be considered a criterion of the acoustic insulation 
and also of the efficiency of the sound conduction apparatus. The 
difference in sensitivity in the two cases is about 40 db. through the 
entire frequency range. It follows that if a transformer is required to 
conduct low frequencies to the liquid of the internal ear then a trans- 
former is also required for the higher frequencies. This statement is 
directly opposed to the accepted idea that the sound conduction ap- 
paratus is functionally more efficient at the low frequency end of the 
audible range. The speaker favors the interpretation proposed by 
Koiter in 1575 which was probably the source of the information set 
forth in verse by Phineas Fletcher (1633) and presented at the Chicago 
meeting. 

That what I choose to term an acoustic insulation is by no means as 
perfect as the light-proofing in the eye, was known to Cardanus in 
1560 who first described bone conducted sounds. The diagnostic value 
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of comparing the acuity for air and bone transmitted sound in the 
differential diagnosis of deafness was quite properly described by 
Capivacci in 1603. In 1684 Schelhammer established experimentally 
that the auditory tube, leading from the middle ear to the naso-pharynx, 
was functionally closed to air sounds. Schelhammer, however, disagreed 
with the Koiter interpretation and suggested that the air sounds were 
conducted to the cochlea directly through the round window. This 
viewpoint, in passing, was essentially quite a correct one for the times 
because it was believed that the internal ear was filled with air. While 
DuVerney had quite definitely located hearing as a function of the 
cochlea and indeed had even proposed a sort of forerunner to the 
resonance analysis theory in 1683, it was not until 1774 that Cotugna 
described the liquid contents of the internal ear. Scarpa is credited with 
the discovery of the double liquid system in 1784, and he believed that 
sound entered the cochela through both windows. 

Early in the 19th. century, E. H. Weber re-discovered the possibilities 
of a leverage action in the ear ossicles first described by Valsalva in 1704 
although this conception is more popularly associated with the name 
of Helmholtz. Weber regarded the labyrinth liquid as incompressible 
and developed the theory of a shuttle action in the cochlear liquid with 
the round window as a compensation opening. Following the findings 
of Corti in 1851, Hensen and Helmholtz proposed the resonance analysis 
theory. The theory, however, showed discrepancies and this was ad- 
justed by supplying a selective weighting through the two liquid 
column applied to the basilar membrane. The theory in its most re- 
fined form is that presented by Wegel and Wilkinson has succeeded in 
constructing a model which illustrates the possibilities. Space will not 
permit discussing the theories of pitch analysis and we will limit our 
brief discussion to an interpretation of the morphology on the basis of 
an intensity control which must be operative irrespective of the fre- 
quency. 

Only two investigators are identified with the problem of the in- 
tensity control; the first was Bezold, an otologist; and the second is Max 
Meyer who will probably present his conception of the internal ear 
mechanics in the explanation of his model. Inasmuch as I agree with the 
Bezold interpretation, I disagree with that proposed by Meyer. 

Bezold experimented on a large number of normal and abnormal 
ears by means of increased and decreased air pressures in the external 
auditory canal and in the middle ear itself. He recorded his findings on 
the changes in the labyrinth pressure by means of a delicate manom- 
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eter. He found that the labyrinth pressures reacted to the pressures 
created in the external canal more pronounced when the middle ear was 
a closed cavity than when it was opened to the outside. He drew the 
conclusion that pressures could affect both of the liquid columns applied 
to the basilar membrane simultaneously and argued that this might 
be operative in cancelling out the vibrational responses in the basilar 
membrane and accordingly be protective to the end organ. If the 
liquid contents of the internal ear is quite incompressible then the pres- 
sure at the round window would tend to counteract the pressure at 
the oval window because the two window would be rigidly connected. 
If, however, the liquid contents is movable and compressible then the 
pressures applied to the upper surface of the basilar membrane would 
tend to cancel out motion by the pressure applied simultaneously at 
the lower surface. If this is true then the basilar membrane is placed 
nearly edge-on to the advancing pressure front and the arrangement 
constitutes an automatic shock absorber which is instantaneously 
operative at all frequencies. 

The proof of the pudding in this case lies in the experimental evi- 
dence. Héssli showed that if guinea pigs are exposed to acoustic insult 
for a prolonged period of time, they show evidences of a pronounced 
degeneration in the auditory end organ. However if the middle ear 
ossicle, the incus, is removed on one side, and the drum membrane 
allowed to heal, this ear will be protected against acoustic insult while 
the other or normal ear will degenerate. In passing this evidence has 
recently been substantiated in boiler-makers in Russia and has led to 
the proposal to select boiler-makers on the basis of a conduction deaf- 
ness which protects them against such degeneration. 

My own conclusions may be summarized as follows: 

1. The auditory end organ because of its immersion in the cochlear 
liquid is insulated by a factor of about 40 db. 

2. The middle ear apparatus throughout the vertebrate scale has the 
function of an impedance matching transformer throughout the usual 
audible range, and may be likened to a closed-back telephone trans- 
mitter. 

3. The basilar membrane upon which the auditory cells rest may be 
considered as placed physiologically almost edge-on to the pressure 
front developed by the two windows. 

4. If the cochlear liquid is incompressible, then the two windows may 
be regarded as rigidly connected and tend to cancel the motion in the 
labyrinth liquid. 
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5. If the cochlear liquid is not regarded as incompressible, then the 
pressure applied simultaneously to the two sides of the basilar mem- 
brane tends to cancel out its vibrational responses. 

5. The internal ear may accordingly be likened to an open-back 
telephone transmitter with pressures applied to both sides of the 
basilar membrane (diaphragm). 

6. The internal ear may therefore be considered as provided with an 
acoustic insulation and an automatic intensity control both of which 
are physiologically essential to its proper function. 

7. Finally, the interpretation as presented appears to fit all of the 
experimental evidence. 
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DIFFERENTIAL PITCH SENSITIVITY OF THE EAR 


By E. G. SHOWER and R. BrippuLPH 
Bell Telephone Laboratories 


1. DEFINITION 


As applied to the ear, differential pitch sensitivity is the minimum 
change in frequency which is detectable at any one frequency and sensa- 
tion level. It varies with the frequency and sensation level of the tone 
and among observers. 


2. History 


Various investigators have studied this problem. Among the earliest 
is Delazenne, who reported observations at 60 cycles made in 1827. 
Later investigations were made by Seebeck at 1029 cycles, Weber at 
200, and others who give results but fail to report the frequencies at 
which the measurements were made. In more recent times Preyer, 
Luft, Meyer, Stucher, Vance and Knudsen extended the range of the 
earlier measurements to cover the major portion of the speech fre- 
quencies. More complete bibliographies are contained in Vance’s re- 
port, (1) and in the work of Fletcher (2). 


3. REASONS FOR FURTHER WORK 


The present investigation was undertaken with the purpose of ex- 
tending the field covered by the previous measurements. In all cases, 
with the exception of that of Knudsen (3), no account was taken of the 
intensity or sensation levels of the tones used, and since tuning forks 
and vibrating strings were the sources of sound, any technique in which 
intensity was accounted for would have been hopelessly cumbersome. 
Knudsen retained a constant sensation level of 40 db above threshold 
and made measurements at frequencies extending from 62 to 3200 cycles. 
Upon considering the auditory area it was planned that the present 
investigation should cover the frequency range 31 to 11700 cycles at 
sensation levels ranging from 5 db above the threshold to the maxi- 
mum level which the observer could tolerate at any given frequency. 

Since many of the investigators mentioned above report widely vary- 
ing results, a check by means of a new technique and new type of 
apparatus would be valuable from the standpoint of the influence of 
transients, provided the new apparatus were designed with this point 
in mind. It is obvious that tuning forks and plucked strings will contain 
harmonics, especially when first excited, and Knudsen reports difficulty 
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from ‘ 


‘contact noises” due to the opening and closing of an auxiliary 
circuit in his vacuum tube oscillator. He indicates that these noises 
made observations at high frequencies impossible and results at low 


frequencies questionable. 


4. PRELIMINARY CONSIDERATIONS 


Upon studying the previous investigations it was decided that the 
principal difficulties to be overcome in making complete measurements 
were as follows: Transients inherent in any system in which the fre- 





Fic. 1. Rotary air condenser. 


quency is varied, harmonics due to non-linearity of oscillator or receiver, 
inflexibility of apparatus and the attainment of intensity and fre- 
quency ranges sufficient to cover the auditory area. 


5. DESCRIPTION OF APPARATUS 


Since it is impossible to vary the frequency of a system without scat- 
tering energy into frequency regions other than that being used, a 
method of variation in which this scattering would be a minimum was 
sought. 

An additional condition imposed upon the frequency changing 
mechanism was that it should allow the observer to listen to a tone of 
unvarying pitch for a short interval of time, change the frequency 
sinusoidally and remain at the new pitch level for another short interval 
before returning sinusoidally to its original position to complete the 
cycle. It was considered advantageous to have the length of this cycle 
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variable. The result of this investigation was the design of the special 
rotary condenser shown in Fig. 1. This condenser is connected across 
the oscillating circuit of one channel of a heterodyne oscillator. Across 
the condenser is another condenser of fixed capacity. The frequency 
of the second oscillator channel is controlled by a precision condenser. 
For a fixed setting of this condenser and a given setting of the small 
head on the rotary condenser the output frequency after having been 
modulated shows a time variation as plotted in Fig. 2. 

The crosses mark static measurements of frequency made at the 
various positions of the rotating head throughout the 360° of its rota- 
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Fic. 2. Frequency change produced by rotary condenser. 


tion. The dashed curve shows the modified sinusoidal type of variation 
of the ideal case. It can be seen that the actual case approximates the 
ideal closely enough for the purpose in mind. For another setting of the 
small head of the rotary condenser the amplitude of this curve would 
be changed, whereas a change in the setting of the precision condenser 
in the variable channel would change the position of the mean ordinate 
without changing the amplitude. 

The frequency variation then, is controlled by the setting of the small 
head of the rotary condenser and is entirely independent of the other 
channel. The “base” frequency is controlled by the precision con- 
denser and the frequency thus obtained is amplified and filtered. The 
filters used are of the band pass type with discriminations of from 70 
to 90 db. These filters serve to eliminate harmonics due to non-linearity 
of the oscillator and amplifier circuits and any extraneous sounds intro- 
duced by the power supply. From the filters the output goes to an at- 
tenuator and thence through a shielded cable to a sound-proof booth 
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containing the receivers and a signalling push-button for the observer, 
The general arrangement is shown in Fig. 3. 

The receivers used are of the electrodynamic type, designed to handle 
large amounts of power without excessive distortion. They were fitted 
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Fic. 3. General arrangement of apparatus. 


with caps suitable for ear measurements and suspended convenient to 
the ear of the observer. For bone-conduction measurements a specially 
constructed loud speaking receiver was used. This receiver is designed 
to apply vibrations directly to the bones of the head. 




































































CYCLIC CHANGE OF FREQUENCY PER SECOND 
Fic. 4. Variation of Af/f as a function of the rate of change of Af. 


6. TECHNIQUE 


In making the measurements the tone was first introduced into the 
receiver at an unvarying frequency and at a level be easily heard 
by the observer. The threshold of audibility was determined for the 
observer and the sensation level set at the desired point. Then the 
minimum perceptible frequency change was obtained at the various 
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sensation levels by finding the setting of the sliding head of the rotary 
condenser at which the observer could just detect a variation. These 
measurements were made as quickly as possible in order to minimize 
the effect of fatigue, and, as an indication of its presence, a check 
threshold setting was taken at the end of each run. The observed shift 
in the threshold was negligible with the exception of some measure- 
ments at high frequencies at the highest levels. During all listening 
tests the observer kept his ear tightly pressed against the receiver cap. 

To determine the optimum rate of frequency variation, observations 
were taken at various frequencies at a sensation level of 40 db using 
various speeds of the condenser driving motor. The results of these 
observations are shown in Fig. 4. The curve shows a broad minimum 
from 2 to 3 variations per second. A value of two per second was chosen 
and used for subsequent observations. 


7. RESULTS 


The results are shown in the table below. These are the average 
Af/f values for ten ears of five men between the ages of 20 and 30 years. 
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Frequency 

31 | .1290 | .0873 | .0702 | .0563 | .0438 | .0406 

62 | .0975 | .0678 | .0546 | .0491 | .0461 | .0426 | .0351 | .0346 

125 | .0608 | .0421 | .0331 | .0300 | .0266 | .0247 | .0270 | .0269 
250 =| .0355 | .0212 | .0158 | .0130 | .0109 | .0103 | .0099 | .0098 | .0100 | .0107 
500 | .0163 | .0110 | .0081 | .0067 | .0055 | .0052 | .0042 | .0035 | .0042 
1000 | .0094 | .0061 | .0044 | .0039 | .0036 | .0036 | .0036 | .0034 | .0031 | .0030 | .0026- 
2000 | .0079 | .0036 | .0029 | .0021 | .0019 | .0019 | .0019 | .0018 | .0017 | .0018 
4000 | .0060 | .0044 | .0038 | .0031 | .0027 | .0023 | .0023 | .0020 
8000 | .0063 | .0051 | .0045 | .0038 | .0036 | .0029 | .0025 
11700 =| .0069 | .0058 | .0042 | .0038 | .0036 | .0035 | .0030 








These averaged results are plotted in Figs. 5 and 6. In Fig. 5 Af/f is 
plotted against f with sensation level as parameter. In Fig. 6, f is the 
parameter with Af/f plotted vs. a,. 

The above observations have been confined to monaural air conduc- 
tion. In addition to these binaural measurements were made on several 
observers and compared directly with the monaural results. Fig. 10 
shows a comparison of monaural, binaural, and bone-conduction meas- 
urements on two ears at a sensation level of 40 db. 
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Fic. 5. Variation of Af/f with freqguency—sensation level as parameter. 
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Fic. 6. Variation of Af/f with sensation level—frequency as parameter. 
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8. DISCUSSION 


In discussing the results there are two types of errors which must be 
considered: those caused by the apparatus and those inherent in the 
ear or due to the personal equation. The first class comprises the fol- 
lowing: errors in frequency and intensity of tones, errors in reading 
values of Af/f, changes in capacity of the rotary condenser, transients, 
etc. The oscillator was checked from time to time during the experi- 
ments, as was the rotary condenser, and the variations were found to 
be 1% or less. Since threshold settings were taken for each determina- 
tion of Af, the output variation over a long period of time would have 
no effect. As described above, band pass filters with discriminations of 
from 70 to 90 db were used, thus reducing the harmonics from the 
electrical apparatus to a negligible quantity. Harmonics from the 
receiver are of the order of magnitude of .003 of the fundamental at 50 
cycles in the type of receiver used, according to measurements made 
previously. Another source of distortion inherent in the wave, is the 
frequency variation. No matter what means of varying the frequency 
are used, extraneous frequencies will be present. This can be shown as 
follows: If the frequency is constant, the amplitude of the wave from 
the receiver diaphragm, assuming a pure wave form, may be repre- 
sented at any time ¢ by the equation: 


y = A sin wl (1) 


where A is the maximum amplitude and w is the angular velocity of 
the pressure vector, whose length is A. If the frequency is varied by any - 
means whatsoever, in such a manner that the variation of frequency 
with time is sinusoidal, the amplitude at any time ¢ may be obtained by 
the following equation, assuming the same maximum amplitude as 


above: (5) 
sin [' wdt é 
y=A k —— | = A sin [oat (2) 
t 0 


where w=p+h sin gi (3) 
p =the initial value of w as in eq. (1) 
h=amplitude of the frequency variation 
q =rate of frequency variation. 


Substituting (3) in (2) 


t 
y = Asin i) (p + hk sin gt)dt 
0 
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This may be expanded into a Bessel’s function as follows: 
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From (5) we see that when the angular velocity p is varied sinusoidally 
by an amount / at g times per second, energy is scattered from region 
p into bands lying in positions p+nq. The relative amplitudes of these 
“side-bands” are seen to be dependent upon the ratio //g, so that for 
a minimum value of /#/q we have a minimum harmonic content due to 
such a variation in the frequency. Since the value of # depends upon the 
values of p, of a,, and upon the observer, it is important to make gq as 
large as possible. 

As a specific example we will choose a value of Af as three cycles and a 
rotational speed of two per second. Then we have 


Af 
h= am X — = 24 X13 = 3a 


Then from the tables 


h 

Jo (—) = . 8638 
q 
h 

J; (—) = ,3489 
q 





= po Or Qe 


-~ —s ee 





the 
ras 


da 





1931] E. G. SHOWER AND R. BIDDULPH 283 


Thus the amplitude of the first side band due to such a sinusoidal fre- 
quency variation is .3489/.8638 or .404 of the fundamental, or in com- 
munication terms the first side band is 7.9 db down from the funda- 
mental. However, since these side bands lie so close to the fundamental 
frequency, their effect as compared to that of the harmonics of the 
fundamental frequencies is negligible. — 
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Fic. 7. Relative intensity of subjective harmonics. 






NUMBER OF HARMONIC 


Causes of errors external to the electrical circuit are the following: 
wandering of attention of the observer, variation in ear sensitivity over 
short periods of time, and harmonics introduced by the conducting 
mechanism of the ear. Since each determination of Af/f was the result 
of at least ten and in some cases, twenty, observations, the effect of 
attention is minimized. As mentioned above threshold settings were 
determined at the beginning and end of each run, thus reducing the 
error due to change in ear sensitivity to a minimum. 

The effect of non-linearity of the ear is to introduce subjective 
harmonics. The relative amplitudes of these harmonics increase with 
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the intensity of the tone, and it is possible that at low frequencies the 
variation of the subjective harmonic is heard rather than that of the 
fundamental. A reference to Fig. 7 (6) will show the relative amplitudes of 
these harmonics, and when it is pointed out that at low frequencies, 
for instance 31 cycles, the threshold of audibility occurs at an intensity 
level of —2.2 bels, the effect of subjective harmonics upon the frequency 
sensitivity is seen to be an important factor. Their effect is also in- 
creased by the increasing sensitivity of the ear as the frequency is in- 
creased. Between 31 and 62 cycles the sensitivity changes 22 db. Thus, 
the harmonic amplitude could be down 22 db from the fundamental and 
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Fic. 8. Variation of Af/f for various methods of changing frequency. 


still be above minimum audibility. At 30 db above threshold a 31 cycle 
tone has a subjective second harmonic which is down only 13 db from 
the fundamental. Thus the sensation level of the harmonic is actually 
higher than that of its fundamental frequency by 9 db due to harmonics 
introduced by the ear. 

In Fig. 8 is shown a comparison of the results of the above investiga- 
tion and those of Knudsen, together with those of a special series of ex- 
periments carried out with the same apparatus as above with the ex- 
ception of the method of varying the frequency. This was done by ab- 
ruptly switching in and out of the circuit a capacity which could be 
varied as before. Since other factors are the same, the main difference 
between the methods lies in their transient content. Method B gave no 
noticeable “click,” but it is evident that there is enough transient to 
depress the Af/f curve considerably. All three curves were taken at a 
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sensation level of 40 db. The rates of change of frequency were also 
approximately the same in the three cases. 

When the averaged results for Af/f vs. f were plotted it was found that 
at 31 cycles the points did not lie on the curve described by the points 
at the remaining frequencies. This departure is a function of the sensa- 
tion level, and increases as the sensation level is raised. In order to find 
the point of inflection a series of measurements were made at 31, 45 
and 62 cycles on one observer. Some similar measurements were made 
on other observers but are not recorded here. The results on the one 
observer are shown in Fig. 9. From the results on several observers it 
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Fic. 9. Variation of Af/f with f at low values of f. 


is concluded that all observers display this tendency but that the maxi- 
mum point of the curve occurs at different frequencies for different 
observers. However, the observer is in general consistent as to the fre- 
quency position of the maximum point. 

The curves in Fig. 10 show the bone conduction and binaural results to 
correspond fairly consistently to and to lie definitely below the monaural 
air conduction curves. Since bone conduction is assumed to be a special 
case of binaural hearing (7) the correspondence of results by the two 
modes of perception is to be expected. 


9. CONCLUSIONS 


The results obtained in this series of experiments bring forth the fol- 
lowing conclusions as to a normal ear: 

1. At frequencies above 500 cycles per second the minimum detect- 
able percentage change in frequency is approximately constant, showing 
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a slight trend upward at the frequencies above 8000 cycles. This trend 
may be due to the fact that the point of maximum stimulation ap- 
proaches the end of the basilar membrane as the frequency is raised 
and finally occurs at a point beyond the end of the membrane. 

2. Below 500 cycles Af becomes approximately constant with fre- 
quency, until the extremely low frequencies are reached. 

3. At a point which varies with observers, but which, in general, lies 
in the vicinity of 45 cycles, the curve of Af/f vs. f shows a point of in- 
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Fic. 10 Variation of Af/f with f for monaural, binaural and bone 
conduction stimulation. 
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flection and a tendency to bend downward, this tendency becoming | 
stronger as the sensation level is increased. This increase with sensation | 
level points toward subjective harmonics as the cause of such a trend. 

Reference to Fig. 7 will show that for constant sensation level the sub- | 
jective harmonics increase in relative amplitude as the frequency is 
lowered, since in this case the intensity level will be increasing. It is con- 
ceivable that a point will be reached at which the subjective harmonics 
are higher in sensation level than the fundamental and that since the 
harmonic is varying by nf cycles when the fundamental is varying Af 
cycles, the ear is detecting the variation of the harmonic rather than | 
that of the fundamental. Since at these lower frequencies Af decreases 
with frequency, if the ear is hearing the variation of a harmonic, Af/f 
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will be recorded as lower than the value which would be recorded if there 
were no subjective harmonic present. This effect should increase with a 
decrease in frequency and also with an increase in sensation level. The 
bending of the Af/f curves changes in the same manner with sensation 
level and frequency. It is therefore assumed that at very low frequencies 
pitch variation is detected by means ‘of the variations of subjective 
harmonics. 

4. The frequency sensitivity varies with sensation level, Af/f becom- 
ing smaller as the sensation level is increased, up to a level of 20 to 40 
db depending upon the frequency. Above this point the Af/f vs a, curve 
is constant with a,. 

5. From the comparative results shown in Fig. 8, it follows that tran- 
sients due to the method of changing frequency tend to depress the 
Af/f vs. f curve at frequencies below 500 cycles, the effect increasing 
with decreasing frequency. Therefore the frequency sensitivity depends, 
to a great degree, upon the manner in which the frequency is varied, the 
effect being more noticeable at frequencies below 500 cycles. 

6. When the tone is introduced binaurally the minimum detectable 
frequency change is reduced. 

7. Introducing the tone by bone conduction causes the minimum 
perceptible frequency change to be reduced. This would be expected to 
follow from (6), since bone conduction may be considered a special case 
of binaural hearing. 
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REGULATING THE ACOUSTICS OF LARGE ROOMS 


By Ernst PETZOLD 
Stattsbauschule Zittau, Germany 


INTRODUCTION 


There is no room for whick the lighting and heating cannot be regu- 
lated. Why not regulate also the acoustics, all the more, since this is 
urgent? 

A room with a maximum audience may have the best acoustics, but 
with a small audience, the acoustics may be bad. On the contrary, if a 
room with only a small audience has good acoustics, it gets worse as 
the audience increases. These facts may be observed in churches, 
theaters, lecture rooms, parliaments, talking picture theaters, et cetera. 

The acoustics of many a church may be praised by the preacher but 
condemned by the organist, and vice versa. In a theater, spoken words 
may be heard and understood distinctly, but music and singing is 
troublesome. In a variety theater, the singers often complain of the 
music being too noisy, whilst the dancers contend it is too soft. Many 
other examples indicate that the regulation of the acoustics is a matter 
of importance, but those already cited are sufficient. 


PRINCIPLES 


In regulating the acoustics, we must fix beforehand the conditions 
which will influence the outcome. Sound in free air on striking a plane, 
rigid surface may be affected in three ways,—it may be completely re- 
flected, some of it may be absorbed, or it may set the surface into reso- 
nant vibration. If the reflection is practically perfect, as for instance at 
the surface of concrete, stone, gypsum, etc., the duration of the residual 
sound in the room will be long, and the intensity of the sound will be 
great, such as would be desired for orchestra music or organ music. 
Greater absorption is of advantage with the spoken word or with music 
accompanying the singing, particularly in sound studios and in speaking 
picture theaters. Some resonance is desired in all large rooms used for 
music and speaking. Resonance of plane walls changes the circular 
waves into plane waves, and because of this change, the acoustic effects 
become more uniform throughout the room than without resonance. 
The same effect of uniformity may be obtained by arranging the single 
plane surfaces with respect to each other so that they have the shape of 
a saw (AAAA). 
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It is upon these fundamental principles that the acoustics of larger 
rooms is to be regulated. 

Suppose that a large number of triangular columns are used in the 
room,—the sides of which consist respectively of a good reflector, a 
good absorber, and a good resonator. These “acoustical controllers”, or 
more briefly controllers, are capable of producing any desired acoustical 
effect. 


SHAPE AND ARRANGEMENT OF THE ACOUSTIC CONTROLLERS 


The plan of the controller is an equilateral triangle, the sides of which 
may be as great as 50 cm. The length of the controller generally must 
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Fic. 1. Different Arrangements of Controllers. 























not be too small, but it should conform to the height of the walls, and 
should stand vertically in front of the walls. Because the ceiling very 
often is one of the causes of troublesome acoustics, it may be necessary 
to place the controller close to the ceiling in a horizontal position. In 
this case the length of the controller must correspond to the breadth of 
the ceiling. Each controller should be arranged to turn about its axis so 
that it may be used to reflect, to absorb, or to resonate as desired. A 
simple mechanical arrangement makes it possible to turn all of the con- 
trollers one-third revolution at the same time. 

It is possible by the use of the three groups to obtain any desired 
acoustics. Fig. 1 shows various combinations that may be multiplied, 
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in which C is an absorbing material (e.g. Celotex), P is a reflecting ma- 
terial (e.g. plaster), and W a resonating surface (e.g. wood). In all the 
examples shown in Fig. 1 the acoustic controllers form an even surface 
that produces a fairly regular reflection. 

To scatter the sound, the controllers may be rotated to positions 
shown in Fig. 2. The turning mechanism should allow a fairly quick ad- 
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Fic. 2. Arrangement for Scattering Sound. 


justment of the controllers, such as the time between two acts in a thea- 
ter performance. In Fig. 2 the materials are placed in alternation with 
each other, so that the result depends not only on the arrangement but 
also on the material. For example, the sides of the columns may be 
placed so that the three sides follow each other in sequence, as shown 
in Fig. 3. 

There is a possibility of arranging the controllers so that they form 
a “cut off” wall and thus break up the incident sound. The controllers 
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Fic. 3. Three Sides of the Controllers Arranged in Sequence. 





in Figs. 2 and 3 will dissipate sound of 500 vibrations and more, while 
the arrangement shown in Fig. 4 dissipates sound of 300 vibrations and 
more. It is evident that the arrangements of Fig. 2-4 may be altered in 
a similar manner as shown in Fig. 1. 

Other arrangements are possible. Various combinations of the ar- 
rangements of Figs. 1-4 may be made, as shown in Fig. 5. For these 
fixed cases, the turning mechanism is omitted. 


Various APPLICATIONS OF CONTROLLERS 
It is possible by using various materials and shape of columns to get 
any quality of acoustics desired, and several such applications are dis- 
cussed as follows. 
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In a Variety Theater, the acoustics should be regulated so that music 
is damped when singers appear on the stage, but it should be loud for 
dancers. To accomplish this result, the controllers are placed near the 
walls about the orchestra, and arranged to form a good reflecting sur- 
face (Fig. 1C) for loud music, or with absorbing surfaces (Fig. 1A) for 
damped music. The turning mechanism may be omitted, so that the 
musicians can arrange the controllers arbitrarily for any desired effect. 
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Fic. 4. Controllers Forming a “Cut off” Wall. 


In a Studio, various types of reverberation are desired,—a long, 
short, or medium time. This may easily be accomplished with the con- 
trollers placed near the walls and ceiling. By means of the turning mech- 
anism, the three groups of controllers are arranged to give the desired 
effect. 

The quality of the acoustics in concert halls, theaters, churches, lecture 
rooms, etc., depends on the number of auditors present. For a small 
audience, the controllers are turned so as to expose an absorbing surface 
(Fig. 1A). With larger numbers of auditors, more of the controllers are 
turned with reflecting or resonating surfaces to the action of sound. Also, 
for orchestra practice in an empty room, the controllers can be placed 
to give the desired acoustic effect. 

In conclusion, it may be said that the controllers will be efficient aids 
in solving any acoustical problem of rooms. 








MINIMIZING DISCREPANCIES OF INTONATION 
IN VALVE INSTRUMENTS 


By JOHN REDFIELD 
New York City 


It is quite generally believed that it is more difficult to tune the wood- 
wind instruments than the brass. This is one of numerous pieces of 
misinformation current among makers and players of musical instru- 
ments. In point of fact the accurate tuning of woodwind instruments 
involves only diligent care in the location and size of the tone and 
register holes, whereas the tuning of valve instruments requires not 
only care of the same order but necessitates moreover the solution of 
an arithmetical problem of no mean difficulty. The solution of this 
mathematical problem, together with its application to the tuning of 
the various valve instruments now employed in band and orchestra is 
presented in the present paper. The paper suggests itself to the writer 
since most valve instruments are out of tune to an unnecessary degree, 
which would appear to indicate that the solution of the difficulty is 
not known to makers of brass instruments nor to writers on acoustics. 

The mathematical difficulty involved in tuning valve instruments 
becomes apparent after a moment’s thought. The baritone horn is an 
air column some 9 or 10 feet in effective length, with a series of three 
valves for switching in additional lengths of tubing to lower the pitch 
respectively a whole tone, a half tone, and a tone and a half, of the tem- 
pered scale. If, for purposes of illustration, it were assumed that the 
length of this air column is 100”, then the corresponding lengths of the 
crooks necessary to provide even tempered intervals of a whole tone, 
a half tone and a minor third for the 1st, 2nd and 3rd valves respectively 
would be 12.25”, 5.95” and 18.92”. But if, now, instead of using the 3rd 
valve alone to lower the pitch a minor third, we undertake to use the 
ist and 2nd valves simultaneously, we increase the length of tubing by 
only 18.20”, rather than 18.92” as we would do by the use of the third 
valve alone, producing a note correspondingly sharper than the correct 
minor third. And, just as combining the first two valves produced a 
note sharper than desired, so the combination of any two or more valves 
produces a note too sharp for correct intonation, the discrepancy be- 
coming greater the greater the length of tubing switched in, the dis- 
crepancy when all three valves are used together being 4.30” of air 
column, producing a note of a frequency some 3% greater than it 
should be, a discrepancy which the musical ear refuses to tolerate. 


292 


-- 


4 


a 


2 em RT 
» 


- 


a 


- 
‘ 


- 


a: 


i we 


q 


ce om 
. ~ 


$ 
a 


rey a— =, 


—_ Ne - 


atl vw — \e — — 


a ee 
. = 


ee ee 
» 


= 


i 


> 


art 
’ 


Se" 


. a 
= SY 


oo 


———: 
a 


& 


i 
4 


_ Ae “~- 


1931] JOHN REDFIELD 293 


It is obvious either that the notes produced by any combination of 
valves must be too sharp if the notes produced by the same valves 
singly are correct, or that if the notes produced by any combination 
of valves is to be correct then one or more of the notes produced by 
these valves singly will have to be too flat. The solution of this diffi- 
culty lies in a compromise by virtue of which single valves may pro- 
duce notes somewhat too flat, while some combination of valves will 
produce a note slightly too sharp, the compromise being such that the 
deviation from the even tempered scale on either side shall be equalized 
if possible. 

If, now, the effective length of the air column when no valve is in use 
in regarded as unity, and if the lengths of the slides for the 1st, 2nd and 
3rd valves are respectively .1331, .0666 and .2038, then the deviations 
from the even tempered scale will be equalized within the tolerance of 
the ear for pitch acuity, provided that the 3rd valve is never used 
alone. The lengths of the several valves singly and in combination, and 
their deviations from the tempered intervals are shown in the following 
table, the minus sign indicating a note that is too flat while plus denotes 
a note that is too sharp. 


Valve Length Tempered Length Discrepancy 

ist . 1331 .1225 — .0106 (— .011) 

2nd .0666 .0595 — .0071 (— .007) 

3rd . 2038 . 1892 — .0146 (— .015) 

Ist & 2nd . 1997 . 1892 — .0105 (— .011) 
2nd & 3rd . 2704 . 2599 — .0105 (— .011) 
Ist & 3rd . 3369 . 3348 — .0021 (— .002) 
1st, 2nd & 3rd 4035 .4142 +.0107 (+.011) 


It will be noted that the discrepancies are all on the flat side except 
that for the 1st, 2nd & 3rd valves in combination which is on the sharp 
side, and that the sharp discrepancy for this combination of valves, 
011, is numerically equal to the flat discrepancies for the 1st valve 
alone, the 1st & 2nd valves in combination, and the 2nd & 3rd valves 
in combination. This means that the larger significant discrepancies on 
the sharp and flat side of even temperament have been equalized to one 
part in a thousand which, generally speaking, is within the tolerance 
of the ear for pitch acuity. This does not mean, however, that the scale 
has been even tempered within the tolerance of the ear for pitch acuity, 
but that the discrepancies only have been so equalized. The discrepancy 
for the 3rd valve alone, .015, lies above .011, but this is not significant 
since this valve is never to be used alone. The discrepancy for the 2nd 
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valve alone is .007 and for the 1st & 3rd valves in combination .002; 
but these discrepancies may be tolerated since they lie below the re- 
maining four discrepancies of .011 which can not be avoided. Any de- 
parture from these valve lengths increases thé discrepancies from even 
tempered tuning, and the discrepancies are therefore minimized by 
using the lengths here suggested. The equalization, now correct to three 
places of decimals, might likewise be carried to a fourth place; but since 
this is beyond the tolerance of the ear for pitch acuity it would be en- 
tirely profitless from a musical standpoint. 

Now the discrepancy .011 is equal to 18% of a tempered half-tone, 
.007 to 12% of a half-tone, and .002 to 3% of a half-tone. It therefore 
becomes necessary for the player to lip the note produced by the ist 
valve alone 18% of a tempered half-tone sharp, and to do the same for 
the combination of the 2nd valve with either one of the other two. The 
three valves combined must be lipped flat by the same amount. The 2nd 
valve alone must be lipped sharp by 12% of a half-tone, and the ist & 
3rd valves combined by 3% of a half-tone. All these lipping require- 
ments are easily within the technical capabilities of the average player 
of brass instruments. 

The method employed in arriving at this equalization of discrepancies 
was that of simple trial and error. Possibly a more pretentious method 
might be utilized; but such method, if any, did not occur to the writer, 
and the present modest one serves the purpose although it is con- 
fessedly rather laborious. 

The application of this method to the practical tuning of band and 
orchestra instruments is simple. These instruments include the trumpet 
in C, the trumpet, cornet and fluegel horn in Bp with tuning slide to A, 
the trumpet in F with crook to Eb, the alto in Eb, the tenor horn and 
baritone in B>, the French horn in Bp and F, the tuba in Eb, the tuba 
in C, and the tuba in BBb. Directions for tuning these instruments 
will be given, the number of beats being specified by which each valve 
should or should not be made to vary from the corresponding notes of 
the even tempered scale for A=440, the only scale of any possible 
instrumental interest in America. 

The C trumpet, open, should be tuned free of beats between itself 
and C =523.3. The 1st valve should be tuned 4.4 beats per second flatter 
than Bb =466.2. The 2nd valve should be tuned 3.3 beats flatter than 
B =493.9. The 3rd valve should be tuned 5.3 beats flatter than A =440. 

The Bb trumpet, cornet and fluegel horn, open, should be tuned with 
no beats between themselves and Bp =466.2. The 1st valve should be 
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tuned 3.9 beats flatter than Ab = 415.3. The 2nd valve should be tuned 
2.9 beats flatter than A =440. The 3rd valve should be tuned 4.7 beats 
flatter than G = 392.0. 

The Bb trumpet with tuning slide to A, open, should be tuned with 
no beats between itself and A=440. The 1st valve should be tuned 4.1 
beats flatter than G =392.0. The 2nd valve should be tuned 3.1 beats 
flatter than Ab =415.3. The 3rd valve should be tuned 5.0 beats flatter 
than Gb =370.0. 

The trumpet in F, open, should be tuned with no beats between it- 
self and F = 349.2. The 1st valve should be tuned 2.9 beats flatter than 
Eb =311.1. The 2nd valve should be tuned 2.2 beats flatter than 
E=329.6. The 3rd valve should be tuned 3.6 beats flatter than D 
= 293.7. 

The F trumpet with crook to Eb, open, should be tuned with no 
beats between itself and Eb = 311.1. The 1st valve should be tuned 2.7 
beats flatter than Dp =277.2. The 2nd valve should be tuned 2.1 beats 
flatter than D =293.7. The 3rd valve should be tuned 3.2 beats flatter 
than C = 261.6. 

The alto in E> is to be tuned the same as the Eb trumpet. 

The French horn, whether in Bb or in F, should be tuned with no 
beats between any of its notes, either valve or open notes, and the cor- 
responding notes of the even tempered scale. This for the reason that 
it is unnecessary to use valves in combination in playing the French 
horn, except for the single note written G#3., which is produced by the 
2nd & 3rd valves in combination, and sounds about 1.5 beats too sharp 
on the Bp horn and 1.1 beats too sharp on the F horn. These slight 
discrepancies can be easily remedied by lipping on the part of the 
player. 

The tenor horn and baritone should be tuned one octave lower than 
the Bp cornet, and the BBp tuba one octave lower than the baritone. 
The E> tuba should be tuned one octave lower than the Eb alto, and 
the C tuba two octaves lower than the C trumpet. 


The specifications for tuning valve instruments, then, are: 


NUMBER OF BEATS WITH CORRESPONDING NOTES OF TEMPERED SCALE 


Open ist Valve 2nd Valve 3rd Valve 
C Trumpet....... 0.0 4.4 3.3 Sia 
Bb Trumpet. . 0.0 3.9 2.9 4.7 
B> Cornet. . . 0.0 3.9 2.9 4.7 
B> Fluegel Horn.. . 0.0 3.9 2.9 4.7 
A Trumpet...... 0.0 4.1 3.1 5.0 
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F Trumpet. ...... 0.0 2.9 aca 3.6 
E> Trumpet...... 0.0 2.7 2.4 4.3 
Ep AMO. ii <...5.- 0.0 2:7 zt a2 
French Horn...... 0.0 0.0 0.0 0.0 
Tenor Horn....... 0.0 2.0 ao 2.4 
Baritone......... 0.0 2.0 io 2.4 
oy ee 0.0 1.4 1.0 1.6 
Ji eae 0.0 11 0.8 1.3 
BBb Tuba........ 0.0 1.0 0.8 t.2 


These several values are all implied in the following 


RULE FOR TUNING THE THREE-VALVE INSTRUMENTS: 


(a) The French horn should have both its open and its valve notes 
tuned to unison with the corresponding notes of the even tempered 
scale; 

(b) The other three-valve instruments should have their open notes 
tuned to unison with the corresponding notes of the even tempered 
scale, and their notes for the first, second and third valves tuned to fre- 
quencies respectively .011, .007 and .015 flatter than the corresponding 
notes of the even tempered scale. 

The system of tuning for valve instruments here presented implies 
that no combination of valves shall be used on the French horn except 
for the single note G#s5. and that the third valve shall never be used 
alone on any of the other brass instruments. These two requirements 
being observed, the tuning of brass instruments is perfected insofar 
as this is possible by the use of three valves only. 
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FURTHER STUDIES OF THE STRIKE NOTE OF BELLS 


By ARTHUR TABER JONES and GEORGE W. ALDERMAN 
Smith College and Massachusetts State College 


INTRODUCTION 


The Strike Note. A bell, like most sounding bodies, usually gives out 
a number of partial tones at the same time. On many musical instru- 
ments the partial tones have frequencies which are nearly in the ratio 
1:2:3:4:5 ..., and the partial tones blend with each other so well as 
to give a very definite impression of a single pitch. On bells the partial 
tones often have frequencies which deviate considerably from the above 
ratios, and these partial tones do not blend so completely. When a single 
bell is ringing, the ear may be caught by one tone and then by another, 
and it may be difficult to decide what tone is to be regarded as the pitch 
of the bell. When several bells sound in fairly rapid succession this diffi- 
culty is likely to disappear—one tone from each bell dominates the rest, 
and this tone is known as the strike note of the bell. 

Each partial tone of a bell is produced when the bell vibrates in a sin- 
gle one of its normal modes—with a characteristic pattern of nodal lines 
and ventral segments. The strike note is remarkable in that it does not 
seem to be produced in this manner. At present the evidence seems to 
indicate that the strike note is not objectively present in the air. The 
fifth partial of the bell is prominent immediately after the bell is struck, 
and the strike note is an octave below the fifth partial. Apparently the 
fifth partial is likely to catch the attention of the ear very promptly, 
but for some reason this prominent tone is rather generally judged to be 
an octave lower than it is.':?3 

Some founders are now tuning several of the partial tones on their 
bells. When this is done the second partial is made to coincide with the 
strike note. In such cases the strike note is of course objectively present 
in the air, just as any other partial tone is. 

Numbering of Partials. A recent paper by Mr. F. G. Tyzzer* makes 
clear that the numbering of the partial tones from bells must be revised. 
But since Mr. Tyzzer’s work gives no indication as to the intensities of 
the new partials which he has found, and since the order of these partials 


1 For bibliography and fuller discussion see this reference and the two following. A. T. 
Jones, Phys. Rev. 16, 246 (1920). 

* A. T. Jones, Phys. Rev., 31, 1092 (1928). 

3 A. T. Jones, Journ. Acoust. Soc. 1, 373 (1930). 

* Franklin G. Tyzzer, Journ. Franklin Inst. 210, 55 (1930). 


297 





298 JOURNAL OF THE ACOUSTICAL SOCIETY [Ocr., 


differed somewhat on the different bells that he examined, we are for 
the present retaining the numbering previously used.* 

Purpose of the Present Paper. It has been suggested that the strike 
note might be a difference tone. Work already done seemed to tell 
against this hypothesis, but a further test of it is given in the first part 
of the present paper. 

The second part of the paper reports an investigation of the relative 
intensities of the partial tones from a few bells. The results confirm 
earlier work in showing that the fifth partial is very prominent immedi- 
ately after a bell is struck. 

The blow of the clapper is of course not instantaneous. In the third 
part of the paper it is shown that on the bells investigated the contact 
lasts for about half the period of the fifth partial. 

The work on difference tones was carried out by the senior author 
(A.T.J.), and the rest of the work by the two authors jointly. Most of 
the work was done on the Dorothea Carlile Chime at Smith College. 


IS THE STRIKE NOTE A DIFFERENCE TONE? 


In work already reported'!?:* it was found that the first order differ- 
ence tone from the fifth and seventh partials on the largest bells in the 
Dorothea Carlile Chime at Smith College is moderately close to the 
strike note, and also that the first order difference tone from the seventh 
and tenth partials on a number of the bells in the Harkness Memorial 
Chime at Yale University is not far from the strike note. 

In the present work adjustable tuning forks were used,° and the fre- 
quencies of the fifth, seventh, and tenth partials on a number of bells 
were determined by the frequency of the beats which each of these tones 
made with one of the tuning forks. 

The results are shown in Table I. The frequency used for the strike 
note is that of the octave below the fifth partial. In view of the results 
previously obtained!* this procedure seemed justified. The last two 
columns give the intervals from the strike note up to the difference tone 

5 The disagreement begins above the fifth partial. The partial which we are calling the 
tenth appears to be Mr. Tyzzer’s sixteenth. 

It may not be out of place to mention here that bells cast in the seventeenth century by 
the Hemony brothers have been generally regarded as among the finest in the world; and that 
values given by van der Elst [De Klokken van den Domtoren te Utrecht, p. 67 (1930)] for 
the first ten partials of a Hemony bell in Saint Martin’s Cathedral at Utrecht agree with values 
that one of us (A.T.J.) has ventured to suggest as the frequencies of the first ten partials in an 
ideal bell. See p. 1095 in ref. 2. 


6 These are the nine forks previously used (See ref. 3) and two new forks that extended the 
frequency range upward to 1880 cycles/sec. 
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in question. These intervals are expressed in cents,’ and the last digit 
is probably not very significant. In the last column some of the places 
are blank because the frequency of the tenth partial was not determined 
on all of the bells. 


TABLE I 
First ORDER DIFFERENCE TONES FROM 5TH, 7TH, AND 10TH PARTIALS 








Frequency of Interval from Interval from 
Bell Founder and Year Strike Note Strike Note Strike Note 
(cycles/sec.) up to Dif. Tone | up to Dif. Tone 
from 5th and 7th | from 7th and 10th 




















1 Veazey and White, 1870} 407.8 +66 +317 
2 Meneely, 1870 425.8 —9 +215 
3 Meneely, 1871 332.4 —59 +169 
4 Blake, 1871 335.9 —51 +160 
5 op 380.3 —54 +165 
6 - & 428.1 —64 
7 il es 456.5 — 103 
8 Blake, 1878 294.5 —73 +121 
9 Shane, 1913 285.5 — 30 +203 
10 Meneely Bell Co., 1919 305.9 +24 +243 
11 ? eee . 345.6 +26 +237 
12 . ctor . 387.0 4 +231 
13 - . S . 410.9 +51 +287 
14 - sili ° 438.1 +25 +274 
15 - = 5 . 462.3 —4 
16 ° - . 519.2 —3 
17 © aa . 552.3 +81 
18 - em ° 587.4 —3 
19 . mes ee - 622.3 +58 
20 Taylor, 1928 217.8 —52 
21 " - 244.8 —28 
22 ™ . 258.3 —22 
23 . . 274.5 — 28 
24 . : 345.9 ats) +235 











Bells 1, 2, 3, 8, and 9 are in churches in Northampton, Massachusetts; 4-7 are the e, fF, 
gH, and aof the chime at Amherst College; 10-19 are the e}, f, g, ab, a, bb, c, db, d, and eb of 
the Dorothea Carlile Chime at Smith College; and 20-24 are a, 6, c, c# and f of the carillon 
in Trinity M. E. Church in Springfield, Massachusetts. 


In the neighborhood of 300 or 400 cycles/sec a good ear can detect 
differences in pitch of something like 5 cents,* but in a melody it seems 
that the ear will often tolerate a note that is off by as much as 20 cents.°® 

7 It will be remembered that 1 octave=1200 cents. Thus the equally tempered interval 
from 6 toc or from e to f is 100 cents. 


8 See e.g., Vern O. Knudsen, Phys. Rev. 21, 84 (1923). 
® Alfred Guttmann, Zeitschr. f. Psychol. 58 [2d abt.], 209 and 247 (1927). 








300 JOURNAL OF THE ACOUSTICAL SOCIETY [Oct., 


From Table I it will be seen that the first order difference tone from the 
fifth and seventh partials deviates from the strike note by 50 cents or 
more on about half of the bells examined. This difference is probably too 
great for the difference tones from the fifth and seventh partials to be of 
importance in determining the strike note. It will also be seen from the 
table that the difference tones from the seventh and tenth partials de- 
viate more widely still from the strike note. 

From work described later in this paper it seems not likely that par- 
tials above the tenth are brought out by a blow of the clapper with suf- 
ficient intensity to be of much importance in producing difference 
tones. It is probably safe to conclude that difference tones are not im- 
portant in the production of a strike note. 


RELATIVE INTENSITIES OF THE PARTIALS 

Apparatus. In order to obtain the relative intensities of the partial 
tones the sound from a bell was picked up by a Western Electric 394 
condenser transmitter, the amplified current was run through an os- 
cillograph, and the curves thus obtained were analysed. Except for the 
transformer that is supplied in the Western Electric 47 amplifier for 
use with the 394 transmitter, the amplifiers were resistance coupled. 
Further, tuning forks of several pitches, mounted on the proper res- 
onance boxes, were occasionally held in front of the transmitter, and 
the curves thus obtained appeared to be very satisfactory sinusoids. 
For these reasons it seemed safe to assume that the curves obtained 
from bells are fairly faithful representations of the pressure variations 
in front of the transmitter. 

The transmitter was hung some 10 cm to 15 cm from the soundbow 
of the bell, and at just about the azimuth at which the clapper strikes. 
That is, the clapper struck on the inside of the bell, and the transmitter 
was just opposite it but on the outside of the bell. If the transmitter 
were at some other azimuth it might not pick up all the partial tones 
with their full intensities. On the largest bell the transmitter could not 
be mounted at the proper azimuth, but all of the analyses that we are 
giving are from bells where the transmitter was thus located. 

Along with the curves from the bells it was necessary to have a tim- 
ing record that would show how fast the photographic film in the oscillo- 
graph traveled. To obtain such records we used the inductive kick in a 
few turns of wire wound on the coil of a mechanically interrupted tun- 
ing fork. The frequency indicated on this fork is 100 cycles/sec, and 
tests showed that any deviations from this frequency are too small to 
be of importance in the present,work. 
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Since the oscillograph that was available has only one vibrator, it was 
necessary to make an exposure for the desired curve and then another 
exposure for the timing record. This was done without stopping the mo- 
tor that drove the drum of the camera. The time interval between the 
two exposures was that required to throw a switch. Tests showed that 
the drum was running at a speed sufficiently uniform to make this pro- 
cedure reliable. 

Calculations. Since the partial tones of the bells are not harmonic the 
curves obtained are not periodic. It follows that a simple Fourier analy- 
sis is not applicable. But the frequencies of the partial tones are known, 
and the rate at which the film traveled is known. It is therefore possible 
to select a length of film which is an integral number of cycles for a 
chosen partial, and then to determine the amplitude of that partial in 
the same manner as if a Fourier analysis were being made. The number 
of cycles actually used varied from 7 to 10 for the lowest partials, and 
from 48 to 80 for the highest. The number of ordinates used for each 
partial was in the neighborhood of 150, and these represented a section 
of film obtained in about 0.04 sec. During a time so short as this there 
was probably little change in the amplitude of any partial. 

The length of film selected is, as already stated, an integral number 
of cycles for a chosen partial, but it is not in general an integral number 
of cycles for other partials. For this reason the calculated amplitudes 
are in error. The amount of error introduced by any of these other par- 
tials depends on (1) the amplitude of that partial, (2) the nearness of its 
frequency to that of the chosen partial, and (3) the extent to which the 
chosen length of film deviates from an integral number of cycles of the 
partial in question. Corrections to the calculated amplitudes may be ob- 
tained by the method described in connection with the work on the 
Harkness Chime.’ In the present work such corrections have been cal- 
culated for a total of 31 frequencies on three different films. In most of 
these cases the correction has proved to be small, and as the labor in- 
volved is great it has not seemed worth while to obtain the corrections 
in more cases. 

A check on the accuracy of the analysis has been carried out for one 
film by combining again the three most prominent of the components. 
This is the 3 sec curve shown in Fig. 1. The amplitude of the largest 
component that was neglected in the synthesis is about 7% of the largest 
of the three that were used. On the average the ordinates of the curve 
obtained from the synthesis differed from those of the original curve by 
less than 6% of the resultant amplitude. This agreement is entirely 
satisfactory. 
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Curves and Analysis. Curves were obtained at four different intervals 
after the stroke of the clapper. For those which we indicate as “early” 
the interval between the stroke of the clapper and the exposure of the 
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Fic. 1. Curves from the larger f bell (346 cycles/sec.) in the Dorothea Carlile Chime. These curves 
are reduced to about 3 4 of the original size. Time runs from left to right. The principal nicks in 
the timing curves indicate intervals of 0.01 sec. The amplifications are different, so that the 
ordinates of one curve are not comparable with those of another. 


film was probably in the neighborhood of 0.1 sec. Other films were ex- 
posed at 3 sec, 7 sec, and 12 sec after the stroke. 

Four typical curves are shown in Fig. 1. It will be seen that the early 
record is much more complicated than the others. 
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ervals Results of the analyses are shown in Fig. 2. The left section of the 
early” figure deals with early strokes, and the right section with later strokes. 
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bottom of the figure indicate the partials. The dotted lines indicate oc- 
taves above and below the fifth partial. The top row of dots shows the 
frequencies of a harmonic series of tones, and the second row of dots 
shows the frequencies mentioned in ref. 5 as those of an ideal bell. 

Since the ordinates on the films are probably nearly proportional to 
changes in pressure, relative intensities are obtained by squaring the 
ratios of amplitudes found in the analysis. This has been done in Fig. 2, 
so that the heights of the lines represent intensities. The intensity of the 
first partial has been taken as the unit, and this unit has been drawn 
larger in the right section of the figure than in the left. A cross indicates 
that the intensity of the partial in question has not been determined, 
and a dot indicates that the intensity is too small to represent satisfac- 
torily. 

Results. The analyses deal with only four bells. But for these four 
Fig. 2 shows that the fifth partial is at first the most prominent, and 
that the third and seventh partials come next in intensity. The fifth and 
seventh are rapidly damped. In fact, partials above the third die out 
so rapidly that in the diagrams for 3 sec, 7 sec, and 12 sec their inten- 
sities cannot be represented satisfactorily. It is for this reason that 
these diagrams are not extended to the right of the third partial. Within 
three seconds the third partial is left as the most prominent component 
of the sound; but the third partial dies out more rapidly than the first, 
and the first is finally left vibrating practically alone. Thus the analysis 
confirms and makes more certain the results which had been drawn 
somewhat tentatively from observations by ear.!° 

Previous work had seemed to indicate'* that the strike note is not 
objectively present in the air. As a check on this result it was now as- 
sumed that a vibration having the frequency of the strike note is pres- 
ent in the curves, and the intensity of this hypothetical component was 
calculated in the same manner as that of any partial tone. In Fig. 2 the 
strike note lies in the position of the dotted line between the second and 
third partials. The figure shows that if there is any objective tone of this 
frequency its intensity is very small. 


DURATION OF CONTACT OF CLAPPER 


Previous work had suggested* that the early prominence of the fifth 
partial might be dependent upon the precise length of time required by 
the clapper to strike the bell and then bound off. Under the blow of the 
clapper a bell bends, and as it springs back it drives the clapper before 


10 See pp. 378-379 in ref. 3, and pp. 1100-1101 in ref. 2. 
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it. The duration of the contact may be expected to depend, in part, on 
the inertia of the clapper and the stiffness of the bell. If the rise and fall 
of the force between the clapper and the bell is at all similar to a sine 
function, it would seem that any partial tone which has a period in the 
neighborhood of twice the duration of contact might be especially 
favored. Thus if the duration of contact should prove to be about half 
the period of one vibration of the fifth partial we might expect the 
fifth partial to be especially prominent. Partials with periods much 
shorter would tend to be damped by the continued contact. 

We determined the duration of contact by including bell and clapper 
in an electric circuit with an oscillograph, so that during the contact 


Fic. 3. Records for Duration of Contact. On three of these records there are the sudden displace- 
ments from which the duration is calculated. Time runs from left to right. The simpler of the in- 
ductive kicks are 0.01 sec apart. 

the curve on the photographic film was displaced. In parallel with the 

bell and clapper was the line already mentioned from the 100 cycle tim- 

ing fork. 

One of the first difficulties encountered was the excellent electric con- 
tact between clapper and bell. This contact was so good that the blow 
of the clapper did not alter the resistance sufficiently to give any kick 
in the oscillograph. However, the largest bell of the Dorothea Carlile 
Chime is provided with three clappers. One of these is a tolling hammer 
on an independent mounting. A second is similar to the tolling hammer. 
For three of the other bells the Meneely Bell Company kindly supplied 
us with independently mounted tolling hammers of the proper sizes and 
weights, and also installed these hammers so that they would function 
properly. Thus for these four bells the circuit through the clapper was 
open except during the short time of mechanical contact. 
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Another difficulty was the proper timing of the exposure on the oscil- 
lograph. The exposure lasted for about a tenth of a second. If the stroke 
of the clapper did not come during that particular tenth of a second the 
record was of no value. To obviate this difficulty the clapper itself was 
made to operate a switch that caused the exposure of the film. Instead 
of operating the clapper by hand we provided a load sufficiently heavy 
to effect the stroke. This load could be released from different levels, 
thus giving strokes of somewhat different intensities. 

We obtained 296 satisfactory records. Fig. 3 shows their appearance. 
We find that as the stroke becomes gentler the contact lasts for a longer 
time. As the stroke becomes more vigorous the duration seems to ap- 
proach a definite limiting value. The durations ran from 500 usec to 
1000 usec. Table II shows the average duration of contact in terms of 
periods of the partials. The letters in the headings of the columns in- 
dicate the bells used. The values in the table are those for our loudest 
strokes. 

TABLE II 
DURATION OF CONTACT 




















Partial e> g a c 
1 0.12 0.16 0.15 0.16 
2 0.20 0.25 0.21 0.28 
3 0.25 0.33 0.29 0.35 
4 0.36 0.47 0.43 0.49 
5 0.43 0.55 0.50 0.57 
6 0.60 0.79 0.68 
7 0.65 0.8. 0.75 0.86 
10 0.89 1.15 1.04 





On each of these four bells the stroke of the clapper lasts for approxi- 
mately half the period of the fifth partial. On the g bell and the c bell the 
duration of the stroke appears to be nearer to half the period of the 
fourth partial than of the fifth. Yet the fourth partial is not brought out 
strongly. The reason is probably to be found in the positions of the nodal 
lines for the fourth and fifth partials. The fourth partial has a nodal sur- 
face that runs around the bell and strikes through the metal just above 
the soundbow;; the fourth partial is best brought out by hitting the bell 
up on her waist.!! The fifth partial is best brought out by hitting on the 
soundbow—where the clapper does hit. If the period of the fourth par- 


1 See p. 1098 in ref. 2. 
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tial did not happen to be so near to twice the duration of contact be- 
tween clapper and bell it is probable that the fourth partial would be 
even fainter than it is. 


SUMMARY AND CONCLUSION 

The present work gives further evidence that the strike note of a bell 
has no objective existence in the air, and that in all probability it is not 
a combination tone. The work also shows that at first the fifth partial 
is the most prominent, shortly afterward the third partial dominates the 
sound, and that the last to die away is the first partial. Partials above 
the third are damped rapidly. 

The early prominence of the fifth partial appears to be connected with 
the duration of the blow of the clapper. That blow lasts for about half 
the period of the fifth partial. We see as yet no good reason why the 
ear judges the pitch of the bell to be an octave lower than the fifth par- 
tial. 

The first curve in Fig. 1 presents the appearance of having a promi- 
nent component in the neighborhood of 2400 or 2500 cycles/sec. This 
frequency is about 3.5 times that of the fifth partial. If the clapper on 
this bell remains in contact for about half a cycle of the fifth partial it 
must be in contact during 1.8 cycles of this high component. It does 
not seem likely that a component could be elicited strongly under these 
conditions. However all our “early” curves look much like this one. 
Perhaps the effect is a survival from noises in the mechanism by which 
the clapper is operated. At any rate, the great change in the relative 
intensities of the partial tones during the first three seconds suggests 
the desirability of further studies by means of curves obtained during 
these first seconds. It is also desirable that studies of the new com- 
ponents which Mr. Tyzzer has found should be made on bells larger 
than those which he used, and that the intensities of these new com- 
ponents should be determined. Both of these are matters which we are 
expecting to investigate. 

In conclusion we wish to express our hearty thanks to those who have 
assisted us: To the Meneely Bell Company for the loan and installing 
of the three tolling hammers; to the Bell Telephone Laboratories for 
the loan of the condenser transmitter and first stage of amplification; 
to Professor S. R. Williams of Amherst College for the use of a dividing 
engine; to the authorities who have given permission to examine various 
bells; and to the girls who assisted in the measuring of the films and 
in the calculations—especially to Mrs. Alexander Mintz, who has de- 
voted about four hundred hours to laborious computation for us. 





BOOK REVIEW 


Recording Sound for Motion Pictures. Edited by LESTER Cowan, for the Academy of 
Motion Picture Arts and Sciences. 


Abstract. The practical application of sound to motion pictures has come within the past 
five years. On account of this recent and rapid development the technical literature on sound 
recording and reproduction as applied to motion pictures is meagre. The present volume was 
prepared to fill the need of further information in this field and is the most complete and 
authoritative volume compiled to date on the subject. It is based on a series of lectures given 
by technical specialists for sound picture studio personnel at Hollywood in 1929 under the 
auspices of the Academy of Motion Picture Arts and Sciences. Each chapter is contributed by 
one whose special experience has been with the subject which he discusses. In a field of such 
recent origin this is probably the only way the many aspects could be adequately treated, 
since it is questionable if any one person has, at the present time, the detailed knowledge of 
the entire subject which this group of specialists have at their command. The inevitable 
differences in treatment by the several authors which this procedure entails have been well 
coordinated by the editor so that the complete volume is coherent and free from serious 
repetitions. 

The subjects discussed range from the fundamental physical characteristics of sound and 
photography as related to sound recording and reproduction to descriptions of the equip- 
ment and methods of procedure which have been developed in the art. Following introductory 
chapters on the history of sound recording and the physical nature of sound, the material is 
grouped under four headings: sound recording equipment, the film record, studio acoustics and 
technique, and sound reproduction. In the first group the different commercial methods of 
recording on film and on disc are considered in detail and the recording apparatus now used 
in the studios including accessory equipment is described. A chapter on re-recording is in- 
cluded and also one on sound equipment transmission circuits with data for calculating such 
circuits. The section on the film record includes chapters on the fundamental principles of 
sensitometry as developed by Hurter and Driffield and their application to photographic 
sound recording, the photographic technique required for using the straight line and low ex- 
posure portions of the Hurter and Driffield curves, laboratory technique in which the practical 
methods of handling film in the development processes are considered, and a chapter on editing 
and assembling sound pictures. This is followed by a group of papers on studio acoustics and 
technique which includes discussions of the fundamental principles of auditorium acoustics 
factors which affect the illusion of reality in sound pictures, a sound recording technique for 
securing reality, practical aspects of recording in the studio and on location, and a chapter 
on the design and construction of sound stages. The final group considers the reproduction of 
sound pictures in the theatre. This includes descriptions of the reproducing equipment now 
used in sound picture theatres, acoustic aspects of theatre reproduction, sound projection from 
the point of view of the projectionist, and a chapter on sound picture personnel and organiza- 
tion. An excellent glossary of motion picture terms is appended which includes, in addition to 
familiar technical words, the vocabulary peculiar to the motion picture art which has been 
developed in the studios and extended since the advent of sound pictures. 

The volume is profusely illustrated with photographs of apparatus and diagrams and con- 
tains not only a large amount of information which is primarily useful to the sound picture 
specialist but also includes many chapters which are sufficiently general in character to appeal 
to a much wider audience which is only desirous of a general acquaintance with the manner 
in which sound pictures are made. 

FRANKLIN L. HUNT 








